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I. INTRODUCTION 
Many persons suffer from sensorineural hearing losses or nerve deaf­
ness. Some are so severely impaired that conventional sound amplification 
hearing aids are not beneficial. However, these individuals may be able 
to perceive speech if the appropriate information is received by the 
central nervous system, CNS. 
Possible communication with the CNS can be obtained by direct stimu­
lation of the cochlea, the auditory nerve, or the auditory cortex. How­
ever, all these techniques require surgery with its associated risks. 
A possible noninvasive means of communicating audio information to 
the CNS is through the use of another sense modality such as the tactile 
sense of the skin. Letting this sense modality substitute for another has 
been shown to have impressive success in a visual-to-tactile substitution 
system (Bach-y-Rita, 1972). This system relays the information from a 
television camera to an array of stimulators which is placed on the skin 
of the back or abdomen. Both blind and sighted subjects have been trained 
in a short time to recognize objects like a toy car, a telephone, etc. 
They soon cease to feel the impressions on their skin but begin to local­
ize the sensation as coming from the space in front of the camera. 
This ability of the human brain to receive information from the 
tactile senses and treat it as a visual input is termed plasticity. 
Bach-y-Rita (1967) defines sensory plasticity as: "The ability of one 
sensory system (receptors, afferent pathways and CNS representation) to 
assume the functions of another system." He qualifies this by saying 
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that: "... the functions of specialized receptors, such as retinal rods 
and cones, cannot be performed by other natural receptors, but must be 
supplied by artificial receptors . . ." (Bach-y-Rita, 1974). 
It would seem reasonable to assume, given the demonstrated plasticity 
of the brain, that if the correct artificial receptor could be found, an 
individual with sensorineural deafness might be able to receive speech 
information through the skin. An attempt to find such an artificial re­
ceptor is the subject of the research described here. 
Because the natural hearing organ, the cochlea, has evolved over 
millions of years into a presumably optimal system it was assumed that the 
artificial receptor should be patterned after it. The main functional 
cochlear component, to be mimicked, is the basilar membrane. It performs 
a frequency-to-distance mapping of sound along its length, which is 
transduced by hair cells (von Bekesy, 1950). Thus, the artificial re­
ceptor should also perform a frequency-to-distance mapping of sound upon 
the skin with the tactile receptors acting as the hair cells. 
Besides producing a frequency-to-distance mapping the artificial re­
ceptor or tactile hearing aid should be suited to the limited capacities 
of the tactile senses. The dynamic range of the tactile senses to elec­
trical stimulation is about 20 dB (Saunders, 1974), while the dynamic 
range of the ear is 130 dB. Thus, the output of the tactile aid must be 
within the limited dynamic range of the tactile senses. The maximum 
sensitivity of the tactile senses to vibration is about 250 Hz while the 
maximum sensitivity of the auditory system is between 1 kHz and 2 kHz 
(Geldard, 1972). This difference, though, should not be significant if 
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the frequency-to-distance mapping is done because the tactile senses would 
not be required to make absolute frequency discriminations but rather 
would make place discriminations. 
The tactile hearing aid should also silently stimulate the skin to 
avoid feedback into any microphones associated with the system and to not 
disturb other individuals in the user's environment. This means electri­
cal stimulators must be used because all mechanical stimulators radiate 
sound energy. 
To meet the above constraints an aid was developed based on the 
properties of amplitude-dichotomized and time-quantized speech. Speech is 
amplitude-dichotomized if it can take on only two values depending upon 
whether the transduced speech electrical signal is above or below a zero 
reference. If the amplitude-quantized speech, which changes state at the 
zero crossings of the original speech, is then time-quantized, it will 
only change state at times set by the frequency of an external clock. 
Because the processed speech is digital in nature, further processing to 
produce a frequency-to-distance mapping can easily be done with readily 
available digital electronics. When the speech is time-quantized the 
resulting discrete digital frequencies can easily be represented by 
individual electrical stimulators. Since the speech is amplitude-
dichotomized the electrodes need only be turned on and off to signal a 
specific frequency, this procedure is well-suited to the low dynamic range 
of the skin senses. 
The number of discrete digital frequencies in a specific frequency 
band is dependent upon the quantizing rate used to time-quantize speech. 
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As the quantizing rate decreases so does the number of discrete digital 
frequencies in the band, and therefore the number of electrodes needed to 
represent them. However as the quantizing rate decreases so does the 
intelligibility of the quantized speech. Therefore, part of the research 
described here was to determine how low the quantizing rate could be, 
thereby reducing the number of electrodes needed, and yet maintain ade­
quate intelligibility. A word intelligibility of 70% was considered ade­
quate (see Appendix A). 
As will be discussed in the literature review, prefiltering speech, 
before amplitude- and time-quantizing it, simplifies it, improves its 
intelligibility, and reduces background noise. Therefore, in conjunction 
with the testing of the different quantizing rates, several prefilter 
conditions were also tested. 
Histograms of the discrete digital frequencies in the output were 
recorded during the above testing. This information was used to determine 
the lowest frequency that the frequency-to-distance mapping circuit needed 
to process. 
The frequency-to-distance mapping circuit was designed with a digital 
high-pass filter built in so that the effects of decreasing the number of 
discrete frequencies displayed on the skin could be aurally checked. The 
aural testing of this device determined the number of frequencies and, 
therefore, the number of electrodes needed for adequate speech intelligi­
bility. 
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All the above testing used the normal aural channel, because it was 
assumed that if the device was to work for the tactile channel it should 
work for the system optimally designed to receive speech information. 
Finally, the device was evaluated using the tactile senses of the 
skin as the receptor of the processed output. The results show that a 
degree of speech information can be obtained with the device. 
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II. LITERATURE REVIEW 
The literature review includes three areas pertinent to this re­
search: tactile hearing aids, amplitude- and time-quantization of speech, 
and electrical stimulation. 
A. Tactile Hearing Aids 
In 1924 Gault described what was probably the first attempt to make a 
tactile hearing aid. He spoke into one end of a long tube. The other end 
was placed against the palm of a subject's hand. After 9 months the sub­
ject was able to recognize only 34 words with an accuracy of 88 to 95%. 
This device was not completely successful because it tried to place the 
amplitude and frequency information of speech onto a single location on 
the skin. 
Gault made several transitions in his research: from the speaking 
tube, to electrical systems which still placed all the information at one 
point, to a five point system (Gault, 1927). The five point system 
filtered speech into five frequency bands (below 250 Hz, 250-500 Hz, 
500-1000 Hz, 1000-2000 Hz, and those above 2000 Hz). The output of these 
filters directly drove vibrators placed on the separate fingers of one 
hand (thus radiating sound into the subject's environment). This device 
was tested with 27 deaf subjects. The subjects' training ranged 
"... from four months to two academic years." They were able to recog­
nize vowels and diphthongs with scores of 80 to 100% correct. Subjects 
also recognized 120 sentences with an accuracy of 80 to 97%. Yet, this 
device did not result in a useful tactile aid probably because the limited 
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dynamic range of the tactile senses could not resolve the amplitude 
variations of the display and the five frequency ranges did not provide 
enough resolution. 
An effort was made by Guelke and Huyssen (1959) to overcome some of 
the limitations of Gault's tactile aid. They band-pass filtered the 
frequencies between 470 and 2880 Hz into eight bands each about 300 Hz 
wide. Each band was then heterodyned down to the frequencies between 100 
and 400 Hz to better match the best frequency response of the tactile 
sense. To increase the resolution each band was then filtered by 20 
tuned electromechanical reeds, each with a 15 Hz bandwidth. The reeds 
also served as the vibrating stimulators. All 160 reeds were spaced over 
the five fingers of one hand. 
Both vowels and consonants were tested with this device by a deaf 
subject. After three hours of subject training, the five vowels /ee, ah, 
er, 00, and aw/ (see Appendix A for a list of phonemes and their pronun­
ciations) were recognized with an accuracy of 80 to 90%. These vowels 
were determined by the position of the first two formants (a brief de­
scription of speech formants is also given in Appendix A). Consonants of 
the three main groups (stop, fricative, and vowel-like) could be dis­
tinguished when compared with one of another group, but comparisons within 
a group, for example, the voiceless stops /p, t, and k/ were difficult or 
impossible to distinguish. Consonant recognition was more difficult than 
vowel recognition. The slow response time of the narrow-band filters was 
given as a possible reason. In general there was poor localization of the 
stimulus and the existence and localization of two simultaneous stimuli 
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were difficult to determine. This device also radiated sound into the 
user's environment. 
Another approach to this problem was the "tactile vocoder" tested by 
Pickett and Pickett (1963). The speech signal was first prefiltered with 
a high-pass filter having a 6 dB/octave slope and a break point above the 
audio range. This was done to emphasize the higher frequencies which con­
tain much of the relevant speech information (Licklider and Pollack, 1948 
and Thomas, 1968). The device then frequency filtered the speech into 10 
bands with center frequencies ranging from 210 to 7700 Hz. The energy in 
each band modulated the amplitude of a bone-conduction transducer operat­
ing at 300 Hz. The 10 sound-radiating stimulators vibrated the finger 
tips. The testing procedure involved both discrimination and identifica­
tion of vowels and only discrimination of consonant pairs. In the dis­
crimination tests two pairs of sounds were presented to the subjects and 
identification tests involved six separate vowel sounds. A carrier 
phrase was used for each presentation. The phrase /trapVt/ was used with 
each vowel, denoted by V, and /traCat/ was used with each consonant, de­
noted by C. The "a's" in the phrases were pronounced as the "a" in 
father. The two authors served alternately as the speakers and subjects 
for the testing. 
The discrimination of vowel pairs ranged from 97% for /ei -ou/ to 40% 
for the pairs /ae -ah/ and /ae -e/. All discrimination scores were cor­
rected for guessing by taking the number right minus the number wrong then 
dividing by the total number presented. The identification of vowels 
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among the group /ee, ei, ae, a\ o, 00/ was much better than the identifi­
cation of the vowels among the group /I, e, er. A, aw, LI/. The first 
group has the first two formants of the vowels widely spaced and the 
second group has the first two formants of each vowel close together. The 
subjects reported that, even when the vowel formants were widely spaced, 
it was generally the stronger second formant vibrations that were felt, 
but . . its locus . . . could not be assigned with an accuracy greater 
than one finger interval." The discrimination of the 19 pairs of con­
sonants tested ranged from C3.5% corrected for guessing for /s -t/ to 
22.5% corrected for guessing for /p -b/. 
Even with some of the high discrimination and identification scores 
the authors never imply that the device would allow connected speech to be 
understood. This may be due to the fact that only five or six stimulators 
are associated with the range of the second formant frequencies, the im­
portance of which will be discussed later in this review. The authors 
also state that a masking phenomenon occurs when two or more stimulators 
are on which tends to make the patterns less distinct. 
The testing reported by Pickett and Pickett (1963) is the most exten­
sive and best documented of all tactile aid testing reported in the 
literature. Therefore, quantitative testing of the tactile aid presented 
in this research will parallel the methods used by Pickett and Pickett. 
Kringlebotn (1968) developed a tactile hearing aid, called "Tactus," 
differing from the preceding aids in that the frequency sensitivity of the 
^Southerners pronounce this phoneme in words like "mine" and "five" 
(Bronstein, I960). 
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tactile senses helped produce a frequency-to-distance mapping of the sound 
frequencies. He amplitude-dichotomized speech, producing a binary signal, 
which was then passed through four successive divide-by-2 stages. The 
dichotomized speech and the output from each divider stage were separately 
presented on the five fingers of one hand. The concept was that each 
finger responds best to vibrations around 200 Hz. Therefore the finger 
that received the dichotomized speech would respond to the frequencies 
around 200 Hz. The next finger would receive speech divided by 2 and thus 
would respond to the actual frequencies around 400 Hz. The other three 
fingers would have the best response to the actual frequencies of 800, 
1500, and 3200 Hz. 
Limited discrimination testing of this device was done with Swedish 
syllables and words. Many of the scores were 90% or better. But the 
author concludes that "... understanding connected speech is probably 
impossible with 'Tactus' ..." 
Kirman (1974) presented results on a portion of an overall tactile 
aid being developed. The portion reported consisted of presenting the 
first two formants of speech to a 15 by 15 array of mechanical stimulators 
placed on the fingers. The first two formants for two pronunciations of 
the test material were isolated using a digital computer and then stored 
for later use. The two frequencies were displayed vertically and time was 
displayed horizontally. The frequency range, 100 to 4500 Hz, was divided 
into 15 bands. The original formant frequencies were sampled every 10 
msec and this was the rate at which new information was given to the 
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tactile aid. In effect the two formant frequencies were "dragged across 
the fingers." 
This device was given limited tests with subjects having normal 
hearing using 15 of the most common English words not containing stop, 
fricative, or nasal phonemes. The 15 words were identified 82% of the 
time for one pronunciation and 74% for another pronunciation different 
from the first in pitch and duration. 
A tactile aid reported by Keidel (1974) was based on a mechanical 
cochlear model built by von Bekesy (1960). This device had a fabricated 
membrane similar in characteristics to the basilar membrane. It therefore 
performed a frequency-to-distance mapping of the sound input. The upper 
frequency range of the device, however, was only 500 Hz. The tactile re­
ceptors in the skin of the arm acted as the transducer. Since a bandwidth 
of 500 Hz is not sufficient for the perception of intelligible speech, the 
speech had to be slowed down for presentation through the device, thus 
shifting its spectrum to the 500 Hz range. Keidel stated that a reduction 
in the speech speed by a factor of 8 to 1 would best match the most 
sensitive vibrating skin threshold to the corresponding region of the ear. 
However, at this speed "tactile memory is . . . not able to store and 
understand a syllable." Therefore a compromise was determined experi­
mentally and the speech was slowed down by a factor of 4 to 1. In 32 
hours of training it was possible for subjects to respond almost 100% 
correctly to unknown words. Even though the speech is presented faster 
than the 8 to 1 rate, the 4 to 1 reduction of speed does not allow the 
device to be used in real time. 
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To achieve real time operation Keidel used a technique that recog­
nizes the periodicity of speech. A periodic segment is recognized with a 
computer and then time expanded by a factor of four. At the end of the 
expanded segment the next current periodic element is expanded. Thus a 
real time frequency reduction is performed. Keidel indicated that "the 
preliminary results are very promising ..." 
The real time tactile aids discussed placed all of the amplitude 
variations of speech onto the skin but tactile senses have a low dynamic 
range which may account for the limited success of these aids. This 
suggests that the amplitude of the outputs should be compressed, perhaps 
logarithmically, or may be even quantized to only two levels, off and on. 
Also, multiple outputs of the tactile aids sometimes occurred simul­
taneously, leading to masking of the sensations. This effect could be 
avoided if the displayed frequencies were quantized and could only occur 
one at a time. These functional requirements can be accomplished by the 
technique of amplitude- and time-quantization of the speech waveform. 
B. Amplitude- and Time-Quantization 
Speech which has its peaks clipped by a communication system is still 
highly intelligible (Licklider and Pollack, 1948). One can amplify and 
then clip the speech waveform until only square waves are left and still 
retain a surprising degree of intelligibility. This process is referred 
to as infinite peak clipping. The effect is the amplitude-quantization of 
the speech to only two levels making it suited to the low dynamic range of 
the tactile senses. Licklider and Pollack found that speech processed in 
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this way had a word intelligibility of 91%.^ Because speech can be 
amplitude-quantized to only two levels and still be intelligible, the 
essential elements for intelligibility apparently do not lie in the de­
tailed amplitude variation of the signal. 
In an effort to further simplify speech, Licklider (1950) quantized 
the already prefiltered and amplitude-quantized speech in the time domain, 
so that the signal was allowed to change levels only at specific intervals 
of time. The results of this test were as follows: A quantizing rate of 
3 kHz yielded a word intelligibility score of 20%, a quantizing rate of 
4 kHz yielded 50%, a rate of 6 kHz yielded 75%, rates between 7 kHz and 
10 kHz yielded approximately 93%, and quantizing rates over 20 kHz yielded 
intelligibility scores of 95%. 
Licklider and Pollack (1948) found that analog differentiation of the 
speech signal by using a first-order high-pass filter, with a break point 
of 16 kHz, prior to infinite peak clipping improved the resulting word 
intelligibility score to about 96%. In the time-quantization tests 
Licklider also prefiltered the speech using a first-order high-pass filter 
with a break point at 1.6 kHz. He recommended it as the best prefilter to 
use with time-quantization. Such filtering of speech before the non­
linear processing can, therefore, improve its intelligibility and can also 
be used to reduce background noise and frequency components not essential 
for speech intelligibility. 
^In all of the research work described in this part of the literature 
review, the intelligibility of speech was measured using Egan's (1948) 
phonetically balanced monosyllabic word lists. 
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In order to find out where the important frequency information of 
speech lies, Thomas (1968) measured the intelligibility of speech that was 
frequency filtered and amplitude-dichotomized. He prefiltered the speech 
of an adult male using a fourth-order band-pass filter such that either 
the first or second formant frequency range remained. The center fre­
quency (the high and low break points were at the same frequency) for the 
second formant filter was about 1.5 kHz and for the first formant filter 
was 500 Hz. Using 10 listeners, Thomas found that amplitude-quantizing 
speech with only second formant information yielded a word intelligibility 
of 71%, averaged over two phonetically balanced word lists. When only the 
first formant information was present and the speech was amplitude-
quantized, the intelligibility fell to 7.6% for one phonetically balanced 
list. These results definitely reflect the importance of the second 
formant range of frequencies, approximately 700 to 3500 Hz (Denes and 
Pinson, 1363, p. 120). 
When speech is amplitude-quantized the interword noise becomes as 
loud as the signal and is very annoying for aural testing. An effective 
squelch can be obtained for amplitude-quantized speech by adding an in­
audible (e.g., 20 kHz) sine wave to the original speech to mask the noise 
between the words. The amplitude-quantized signal between words changes 
at the rate of the squelch signal and is inaudible. Although Licklider 
and Pollack did not use any squelch on the amplitude-quantized or the 
amplitude- and time-quantized speech tests described above, they did test 
the intelligibility of amplitude-quantized speech that had the noise be­
tween words squelched. They found that the intelligibility was the same 
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as without the squelch but that it was easier to listen to the speech with 
the noise squelched. 
A squelch system was used for all of the testing associated with the 
tactile aid including both the aural testing and the testing involving the 
electrical stimulation of the tactile senses. 
C. Electrical Stimulation 
Many investigators (such as Hahn (1958) and Gibson (1968)) have 
studied electrical stimulation, however Saunders (1974) has done extensive 
studies on electrical stimulation as applied specifically to sensory 
substitution systems. The facts he presented are summarized below. 
Concentric ring electrodes were used to minimize current spread. The 
electrodes were composed of an inner active area, an insulating area, and 
an outer active area. The metal which composed the active areas was 
either silver or stainless steel. The electrodes used by Saunders had an 
8.5 mm radius of curvature to insure proper contact with the skin. The 
optimal size of the active inner area was found to be 7-12 rm^. This use 
of optimal area plus proper contact, reduced the possibility of sudden 
"sting," a painful sensation caused by the current density increasing 
drastically at some point under the electrode. 
The best locations for placement of electrodes were found to be 
areas of low electrical impedance such as the skin of the back or stomach 
as opposed to high impedance areas such as the finger tips or palms. The 
reasons given for such choices were better electrical current control, 
lower power consumption for equal sensations, and greater dynamic range. 
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Areas over major nerve bundles, such as the wrist, were not suitable for 
stimulation because of nerve bundle excitation which caused unpleasant 
sensations and unwanted muscle contractions. 
A "warm-up" period was found in that after a few minutes of stimula­
tion the impedance was reduced, possibly caused by "... a local reflex 
dilatation and a possible uptake of water from subepithelial tissues." 
Mason and Mackay (1976) suggested that such an impedance reduction is 
caused by a build up of perspiration, an electrolyte, under the electrode. 
Saunders (1974) found that the dynamic range, the difference between 
the pain level and threshold level, was 2 to 4 times the threshold current 
level for untrained subjects and 6 to 8 times the threshold for trained 
individuals. 
For single negative constant-current pulses, the amount of current 
needed to reach the threshold of sensation was a decreasing function of 
the pulse width, but the amount of charge per pulse remained constant at 
an average of 62 nC for all subjects. For example, for one subject 
tested, a 3 ysec pulse width required 16 mA of current and a 50 usee pulse 
width required 1 mA of current to reach threshold. 
Biphasic current stimulation was discussed by Saunders (1974) as a 
means of increasing the pulse repetition rate because the dc balance can 
be restored faster than with his negative pulse stimulation system. Be­
cause some of the electrodes of the tactile aid developed here were acti­
vated at high rates, biphasic stimulation was used. Saunders successfully 
tested a biphasic current stimulation system with positive and negative 
pulse widths of 5-20 ysec and currents of up to 10 mA. 
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III. DEVELOPMENT OF SPEECH PROCESSING SYSTEM 
The specific details of the electrical stimulation and electrodes 
used for this research as well as the frequency-to-distance mapping cir­
cuit will be discussed in the next chapter. This chapter deals with the 
first section of the tactile hearing aid, the speech processing system. 
The block diagram for this apparatus is shown in Figure 1. 
A. Choice of PrefiIters 
The literature cited has shown that prefiItering speech before 
quantizing is advantageous, therefore, the initial block in Figure 1 shows 
that the speech is first prefiltered. First-order high-pass filters were 
seen to increase the intelligibility of the quantized speech and it has 
been shown that the original speech waveform could be greatly simplified 
with a sharp fourth-order band-pass filter, leaving only the second 
formant frequencies, again resulting in highly intelligible quantized 
speech. 
In an effort to simplify speech and obtain increased intelligibility, 
four different prefiItering conditions were tested. The first filter was 
a first-order band-pass filter with a center frequency of 1.5 kHz (both 
the high and low frequency break points were at 1.5 kHz). The second 
filter was a second-order band-pass, again with a center frequency of 
1.5 kHz. The third filter was a fourth-order band-pass with break points 
at 1 kHz and 2 kHz. The last filter was again a fourth-order band-pass 
with break points at 300 Hz and 3 kHz (similar to the frequency range used 
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Figure 1. Block diagram of the apparatus for prefiltering and amplitude-
and time-quantizing speech. 
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in the telephone industry). The fourth-order band-pass filters were 
implemented with a commercially available active filter J The asymptotic 
Bode plots for these filters are shown in Figure 2. Besides the four 
band-pass filters, a fifth condition of no prefilter was also tested. 
These filters were used both to simplify the speech (preserving the second 
formant frequencies) and to reduce any high and low frequency noise as 
much as possible. 
B. Amplitude- and Time-Quantizing Apparatus 
Referring again to Figure 1, the prefiltered speech is next summed 
with a squelch signal (to be discussed later). The summed signal is then 
amplified and then compared with a zero volt reference. Figure 3a shows 
a portion of the amplified prefiltered speech (assuming, for now, that the 
squelch signal is not summed with the speech signal). The output of the 
comparator will be high if the input waveform is greater than the zero 
volt reference and will be low when the input is less than the reference. 
This effectively amplitude-dichotomizes the speech signal. This two-level 
signal, such as waveform b in Figure 3, is then time-quantized by the 
first clocked flipflop, FF^, shown in Figure 1. This flipflop can change 
state only at the negative going edge of the clock waveform. The re­
sulting waveform and the clocking or quantizing waveform are shown re­
spectively in Figure 3 as waveforms c and d. 
^Krohn-Hite model 3202 filter, Krohn-Hite Corp., Cambridge, 
Massachusetts. 
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Figure 2. Asymptotic Bode plots for the band-pass filters used to pre-
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Figure 3. Amplitude- and time-quantization of speech: (a) simulated 
speech waveform; (b) amplitude-quantized speech; (c) amplitude-
and time-quantized speech; and (d) dock waveform. 
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C. Squelch System 
The intervals between words of ordinary speech are essentially 
silent. However, with amplitude-dichotomized speech the low amplitude 
noise always present will become the same amplitude as the speech. There­
fore, a squelch system is desirable to mask the noise between the words 
during aural testing. Simply adding a higher frequency sine wave to the 
signal, as done by Licklider and Pollack (1948) for amplitude quantized 
speech, is not sufficient. When the amplitude-quantized speech is time-
quantized, the highest possible digital frequency after sampling is one-
half the quantizing frequency. If the quantizing rate is less than 40 
kHz, as were all the quantizing rates used in this research, then any 
squelch frequency must be less than 20 kHz and will then be audible after 
quantization. Thus, a different squelch system, which still uses the 
addition of a high frequency waveform to the speech signal, was devised to 
avoid the problem. Because the highest frequency square wave possible at 
the comparator output is one-half of the quantizing rate, a square wave 
with a frequency of one-half the quantizing rate was chosen as the signal 
to be added to the original speech to mask the noise between the words. 
The quantizing waveform and squelch waveform are shown in Figure 4 and 
labeled as Clock and Squelch. These waveforms are time synchronous. 
Again, when the quantizing rate is less than 40 kHz the squelch will 
be audible but, if it can be detected, the corresponding signal to the 
system output can be deleted. The squelch condition was detected using 
two additional flipflops, (FFg and FF^) cascaded after the time-quantizing 
flipflop (FF^), forming the 3-bit shift register shown in Figure 1. If 
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the middle flipflop is considered to contain the present state or level of 
the speech signal, ^PRESENT' other two contain the past state of 
the signal, Xp^y, and the future state, This delays the quan­
tized speech signal by one quantizing period. Typical operation is ex­
plained by reference to Figure 4. The signal, labeled as XpREgENy» is 
marked as to whether a given state is part of a squelch condition, SQ, or 
part of a HIGH or LOW level of the signal. A squelch condition arises 
whenever the magnitude of the analog speech signal is less than the magni­
tude of the squelch waveform thus causing zero crossings at the rate of 
the squelch frequency. The future and past waveforms are shown respec­
tively in Figure 4 as XpuTuRg and Xp^^y. If XpRESEwy is different than 
both Xp^2T 3nd then this state is part of a squelch condition and 
the Squelch Indicator signal will be changed from a low to a high level. 
These conditions can be easily differentiated with combinational logic. 
The Squelch Indicator signal can be used to delete either the aural 
or tactile output of the tactile hearing aid. In the case of the aural 
output the Squelch Indicator signal was then used to generate a tri level 
signal, shown as the last waveform in Figure 4. The highest level indi­
cates a HIGH signal and lowest level indicates a LOW signal state. When 
the trilevel waveform is at the middle level (set at 0 volts) this indi­
cates a squelch condition and the output loudspeaker is not energized, 
thereby eliminating any sound. The loudspeaker^ used was a 5 inch high 
compliance speaker with a frequency response of 65 Hz to 17,000 Hz and it 
^Catalog number 34A493 Burstein-Applebee Co., Kansas City, Missouri. 
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was enclosed in the recommended cabinet. The circuit used to drive the 
8^ speaker had a very low output impedance and the voltage across the 
speaker coil was clamped to avoid inductive overshoot and undershoot 
caused by applying square waves to the coil. 
The electronic circuit used to implement the functions outlined in 
Figure 1 can be found in Appendix B, and a more detailed discussion of the 
electronics can be found in O'Brien (1974). 
D. Aural Testing Procedure 
1. Quantizing rates and frequency histograms 
Because the quantizing rate affects the number of electrodes needed 
for the tactile aid and because it affects the intelligibility of the 
speech, four different time-quantizing rates were tested. These were 25 
kHz, 16.7 kHz, 10.0 kHz and 5.25 kHz, and were chosen experimentally to 
obtain a wide range of speech intelligibility. The specific values of 
the quantizing rates were chosen because histograms of the discrete 
digital frequencies in the quantized speech were to be made. With the 
above values of quantizing rates, all the discrete frequencies would have 
periods that are integral multiples of a 20 usee time interval; therefore, 
all the histograms had the same horizontal axes scaled in 20 usee 
intervals. 
The histograms of the discrete digital frequencies, in the test 
words, were made to determine the maximum number of frequencies that the 
tactile aid would have to display. 
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2. Test material 
Five speakers (two males, ages 24 and 33 and three females, ages 26, 
33, and 53) each recorded Egan's (1948) twenty phonetically balanced 
monosyllabic word lists onto magnetic tape. An Allied TR 1040 tape re­
corder^ was used for this and the recordings were made in a sound-proof 
room. The background noise level was 49 d3 on the C scale, 34 dB on the 
B scale, and 24 dB on the A scale. (See Appendix C for an explanation of 
the weighting scales.) Each speaker used the carrier phrase, "the word 
is" followed by the word. This helped to keep the voice of the speaker 
constant in speed and intensity and helped the listeners prepare for 
another word. 
3. Speech intelligibility testing 
Seven college students with no prior experience listening to quan­
tized speech served as subjects for the intelligibility tests. They 
listened to a word list for each of the 20 combinations of five filtering 
conditions and four quantizing rates for each of the five speakers, re­
sulting in a total of 100 lists heard. The lists were presented in five 
groups of 20 lists. Each group contained all 20 of the test conditions in 
the same random order. Each speaker was presented four times in each of 
the five groups and no word list was used twice for the same condition. 
The listeners were instructed to write down the word they heard and to 
guess if necessary. The listeners were all present at the same time in 
the same room and heard the words from one loudspeaker; the volume of 
^Allied TR 1040 stereo tape recorder. Allied Electronics, Davenport, 
Iowa. 
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which was set to a comfortable listening level. All other equipment was 
in a different room so as not to distract the listeners. 
E. Results of the Aural Testing 
1. Intelligibility 
The word intelligibility scores for the 20 combinations of the five 
filtering conditions and the four quantizing rates are shown in Figure 5. 
The filtering conditions are indicated on the horizontal axes. Each data 
point represents the average of 35 intelligibility scores obtained from 
the seven listeners and the five speakers. Plus and minus one standard 
deviation is shown for each average. The standard deviations range be­
tween 4 and 16 percentage points with a 10.8 average. 
2. Histograms 
Histograms were generated for all 100 of the above lists utilizing a 
PDP-Se minicomputer.^ The number of quantizing intervals in each high or 
low level (except those associated with a squelch condition) were counted 
and this information was then stored in the form of two separate histo­
grams for each list tested. The histograms of the high and low levels for 
each test condition were essentially identical because of the symmetry of 
the speech waveform about its zero average value. Therefore, only the 
histograms for the high levels will be discussed further. 
For each of the 20 test conditions the histograms for each of the 5 
speakers were averaged. The results are shown in Figures 5 through 15. 
^Digital Equipment Corporation, Maynard, Massachusetts. 
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Figure 6. Histogram data for the no prefiltering condition with (a) a 
6.25 kHz quantizing rate and (b) a 10 kHz quantizing rate. 
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Figure 7. Histogram data for the no prefiltering condition with (a) a 
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rate. 
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Figure 9. Histogram data for the 300 Hz-3 kHz band-pass prefilter with 
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Figure 10. Histogram data for the first-order band-pass prefilter with 
(a) a 5.25 kHz quantizing rate and (b) a 10 kHz quantizing 
rate. 
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Figure 11. Histogram data for the first-order band-pass prefilter with 
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Figure 12. Histogram data for the second-order band-pass prefilter with 
(a) a 6.25 kHz quantizing rate and (b) a 10 kHz quantizing 
rate. 
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Figure 13. Histogram data for the second-order band-pass prefilter with 
(a) a 16.7 kHz quantizing rate and (b) a 25 kHz quantizing 
rate. 
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Figure 14. Histogram data for the 1 kHz-2 kHz band-pass prefilter with 
(a) a 6.25 kHz quantizing rate and (b) a 10 kHz quantizing 
rate. 
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The computer programs used to generate the histograms are given in 
Appendix D. 
F. Discussion of the Aural Testing 
1. Intelligibility 
The results of this testing show that for all the quantizing rates 
the most intelligible modified speech is produced when the second-order 
band-pass prefilter is used. When the results for the other prefiltering 
conditions are averaged over all the quantizing rates, the second best 
filter is the 1 kHz to 2 kHz band-pass, the third best is the first-order 
band-pass filter, the fourth best is the 300 Hz to 3 kHz band-pass, and 
least effective of the prefiltering conditions is no prefilter. 
If 70% word intelligibility is considered adequate for conversa­
tional speech, then all of the prefiltering conditions employed with 
quantizing rates above 16.7 kHz will produce this degree of word intelli­
gibility. Only two of the prefiltering conditions for a 10.0 kHz quan­
tizing rate and none of the conditions for a 6.25 kHz rate will produce 
70% word intelligibility. 
Figure 5 also shows that as the quantizing rate increases, there is a 
leveling off in the amount of intelligibility obtained. It is also evi­
dent that as the rate decreases so does the intelligibility. These re­
sults are all consistent with those obtained by Licklider (1950). 
2. Histograms 
The histogram results showed that for all cases the higher frequen­
cies occurred the most often while the number of occurrences decreased 
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rapidly at low frequencies. The fewest digital frequencies occur when the 
1 kHz to 2 kHz band-pass prefilter is used and the most occur with no 
prefiltering, as one would expect. For all the prefiltering conditions 
other than the no prefilter condition, frequencies below 200 Hz are gen­
erally not present. For the 1 kHz to 2 kHz band-pass filter, frequencies 
below 500 Hz are not evident. 
These results would indicate that the quantized speech can be 
digitally high-pass filtered with probably little loss in intelligibility, 
thus reducing the number of electrodes needed to represent the discrete 
digital frequencies of the output. 
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IV. DEVELOPMENT OF THE TACTILE AID 
After completing the speech processing system and obtaining the 
intelligibility and histogram results, the tactile aid was realized by 
developing the frequency-to-distance and electrical stimulator circuits 
and by fabricating the electrode array. 
A. Frequency-to-Distance Mapping Circuit 
The output display was chosen to simulate the trilevel signal heard 
during the aural testing in an effort to reproduce what was known to be 
intelligible to the aural channel. Every high level was indicated by 
activating its corresponding electrode and every low level was indicated 
by activating its corresponding electrode. The zero level of the trilevel 
signal was indicated by not activating any electrodes. Thus, the display 
was an array of electrode pairs; each pair represented the high and low 
level of a specific digital frequency. This choice of display influenced 
the design of the frequency-to-distance mapping circuit because the cir­
cuit would have to process both high and low level information instead of, 
for example, only high level information. 
The operation of the frequency-to-distance mapping circuit was based 
upon entering the quantized output from the speech processing unit into a 
shift register, determining the lengths (in quantizing intervals) of both 
the high and low levels, and activating the appropriate electrodes at the 
correct time. The system operated in real time, delayed only by the short 
propagation time through the shift register. 
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Low levels from the speech processing unit were represented by O's 
in the shift register and high levels by I's. Information was shifted 
into the register at the quantizing rate. Thus, each bit in the shift 
register represented a level whose length was one quantizing interval. 
Based upon the histogram data which showed that frequencies below 
200 Hz occurred infrequently, the length of the shift register was chosen 
as 55 bits. A low or high level of a 200 Hz input would be completely 
contained in the 65-bit register if the quantizing rate were no more than 
25 kHz. 
Conceptually, when the beginning of either a high or a low level 
reaches the end of the shift register its length can be determined by 
counting the number of bits to the next level change in the register. The 
corresponding high or low electrode can then be activated. When the be­
ginning of the next level propagates to the end of the register the proc­
ess is repeated. Length detection is actually done by recirculating the 
data through the register during each quantizing interval and using a 
counter to determine the length of the high and low levels. 
The block diagram for the frequency-to-distance mapping circuit is 
shown in Figures 16 and 17. The detailed circuit, which was implemented 
with TTL logic, is shown in Appendix E. 
The timing block is shown in Figure 15a. The input to this block is 
the Master Clock signal, MC. The frequency of MC is 65 times the fre­
quency used to time-quantize the speech and is the frequency used in the 
clocking of the shift register. The outputs are the logical inverse of 
MC, MC; Basic Clock Short, BC^; and Basic Clock Long, BC^. BCg and BC^ 
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Figure 16. Partial block diagram for the frequency-to-distance mapping 
circuit, (a) timing block, (b) shift register and logic to 
generate CSp, CS^, and SQ, and (c) the six-bit counter with 
its control. 
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have the same period as the quantizing frequency but BCg is high for TOO 
nsec and BCj^ is high for one period of MC. The MC, BCg, and BCj^ waveforms 
are shown in Figure 18 which is, in part, a timing diagram for a five-bit 
shift register used to exemplify the operation of the 65-bit register. 
The block diagram of the 65-bit shift register is shown in Figure 
16b. The last three bits of the register are labeled XpuTuRE» ^PRESENT' 
and Xp^gy. These are used to generate the CSj^ (Change In State - Now) 
signal, active when XpR^SENT ^PAST different and the CSp (Change 
In State - Future) signal, active when and XpREg^NT different. 
These functions which are used in the control of the counter are also used 
to generate the Squelch Indicator signal, SQ. New bits of data are 
shifted into the register during the BCj^ pulse and the bit is 
recirculated on the negative edge of the next 64 MC pulses. 
The operation of the shift register is shown for the five-bit 
register example at the bottom of Figure 18. The input waveform is 
11101111101100011 but is written in reverse order in the example as 
11000110111110111 with time increasing to the left to facilitate visualiz­
ing data entry into the register. The first high level has a duration of 
three quantizing intervals, the next level is low and has a duration of 
one quantizing interval, etc. 
A block diagram of the six-bit counter used is shown with its control 
in Figure 16c. It can count up to 63 quantizing intervals in a high or 
low level; the "all-zeros" state is not used. 
Referring to Figure 18 when (CSp)«(BCg) is true as indicated during 
MC-1 (the first MC pulse shown) then the CLEAR line goes high and the 
Figure 18. Timing diagram for the five-bit shift register example dis­
cussed in the text and the associated bit patterns in the 
register; - X-i refer to the separate bits of the shift 
register where ^PRESENT ^PAST respectively 
represented by Xi, Xo, X_i. 
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counter is set to all zeros. When the counter is all zeros it is de­
tected with the COuNTER=ZERO block. Figure 16c, which sets the CNTZERO 
line to high. When (CNTZERO)'(CS^) is high, as indicated in MC-2, the 
count-up flipflop output is set high and remains high until the SAT line 
goes high or (CS^^«(CNTZERO) is true. However, in this example the SAT 
line, which will be discussed later, remains low. At the negative edge of 
MC-4 a Change of State - Now has occurred, as can be seen in the shift 
register shown at the bottom of Figure 18. Therefore (CS^)*(CNTZERO) is 
true and CNTUPFF goes to zero. This causes the counter to ignore the 
positive edges of MC. The counter now contains the number of quantizing 
intervals in the current high or low level, three in this example. This 
number remains in the counter until (CSp)'(BCg) is true, which occurs at 
MC-16 in the above example. At which time the counter is cleared and the 
device is ready to start counting the number of quantizing intervals in 
the next level. 
The histogram data showed that the low digital frequencies in the 
processed speech occurred less frequently than the high ones and therefore 
that they might be filtered out without loss of speech intelligibility. 
In effect a hiqh-pass filter was made, the block diagram of which is shown 
in Figure 17a. The counter value, determined by its six output lines, is 
compared with a number set by six switches. If the number of quantizing 
intervals in a high or low level is equal to or greater than the number 
set with the switches then the SAT line goes high. This causes the 
COUNTUP line to go to zero causing the counter to stop. It also clears 
the CNTUP flipflop. There is no further action and there is no stimulation 
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until the end of the high or low level just counted reaches the end of the 
shift register. Thus low frequencies are not displayed. A saturation 
condition is shown in Figure 18 starting at MC-21. The saturation number 
is four and the current high level has a length of five quantizing inter­
vals. When the counter reaches four, SAT goes high and remains until that 
level is shifted out of the register. 
Because one Basic Clock period is needed to count the length of a 
given level all the output lines to the audio output and to the stimu­
lators need to be delayed one BC period. The delay elements for XpRESENy» 
SAT, and SQ are shown in Figure 17b. The respective outputs are 
DXpR^sEf^T' OSAT, and DSQ, which are used to produce the new tri level 
signal for audio output testing and the corresponding tactile output. If 
either DSQ or DSAT is high the audio output is at the zero level. If they 
are low then the trilevel signal will either be in its high state or low 
state depending on the state of -DOCCFNT 
The data from the counter must also be stored. The representation of 
this storage register is shown in Figure 17. The storage register is set 
when a BCg and a delayed CNTZERO are both high. 
The six lines from the storage register and the DXpREgENy line are 
decoded into the appropriate number of lines for the number of stimulators 
desired. The lines from the decoding logic also activate a row of LEDs 
(Light Emitting Diodes), which are used to indicate only high levels, 
producing a visual display. The decoding circuitry used to activate the 
stimulators, which are discussed in the next section, consisted of multi­
ple input NAND gates and one 4-LINE to 16-LINE decoder. 
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B. Constant-Current Stimulators 
Each biphasic constant-current electrical stimulator used for the 
tactile display is the same type as that used at the Smith-Kettlewell 
Institute of Visual Sciences J Each stimulator was capacitively coupled 
to the skin to avoid electrode polarization and a net current flow. The 
biphasic output quickly restored the dc balance. This was required be­
cause of the relatively high stimulation rates used. The block diagram of 
a stimulator is shown in Figure 19, and the detailed circuit appears in 
Appendix P. 
Each stimulator has three inputs which are active in their low 
states. The GATE input is one of the outputs from the decoding section as 
mentioned in the preceding section, and is used to activate a specific 
stimulator. The other two inputs, Pp^g and connect to all stimu­
lators. If the GATE line is low to a specific stimulator then Ppgg and 
^NEG pulses, respectively, cause the positive and negative current pulses. 
The input signals and the corresponding output are shown in Figure 
19. PpQg is the output of a monostable multivibrator which is triggered 
by the SET line. The rising edge of the SET line triggers a delay mono-
stable whose rising edge triggers a third monostable which generates the 
^NEG pulse. The pulse widths of Ppgg and P^^g control the widths of the 
positive and negative current pulses and were made equal. 
^The circuit diagram was obtained from Dr. Frank A. Saunders, Smith-
Kettlewell Institute of Visual Sciences, 2232 Webster Street, San 
Francisco, California 94115, in a letter dated July 16, 1975. 
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Figure 19. Constant biphasic current stimulator and associated input and 
output waveforms. 
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The amplitudes of the positive and negative current pulses were 
equal. This fact plus the presence of the capacitor between each stimu­
lator and the associated electrode assured that the electrode would not 
become dc biased. The peak output current was adjustable and was con­
trolled by adjusting two external power supplies. The positive supply, 
+Vg, was adjustable from 1.1 to 5 volts and the negative supply, -Vg, was 
adjustable from 0 to 5 volts. Adjusting either or both the positive and 
negative supply linearly varied the current output from 0 to 11 mA. 
C. Electrodes 
The electrodes used with the stimulators were concentric ring elec­
trodes made from stainless steel. A drawing of one such electrode is 
shown in Figure 20. The center was a stainless steel rod 1/8 inch in 
diameter and the outer ring was a stainless steel tube with an outside 
diameter of 5/16 inch and a wall thickness of 0.035 inch. The insulating 
material was industrial epoxy cement.^ The areas of the center conductor, 
the insulating ring, and the outer conductive ring were approximately 
7.9 mm^, 21.9 mm^, and 19.7 mmf, respectively. The area of the inner 
conductor falls within the optimal area (7-12 mm^) recommended by Saunders 
(1974). 
The electrodes were constructed by centering a length of rod in an 
equal length of tube and filling the space between them with the epoxy. 
After the epoxy hardened a lathe was used to cut a 14 degree slope on the 
^Duro Plastic Epoxy Cement and Filler, Woodhill Chemical Sales Corp., 
Cleveland, Ohio. 
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Figure 20. Dimensions of the concentric-ring electrodes used for the 
tactile aid. 
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electrode surface to approximate the 8.5 mm radius of electrode curvature 
suggested in the literature (Saunders, 1974). A piece was then cut off 
1/8 inch from the top. Wire leads were soldered to the backs of the 
stainless steel rod and tube to complete the electrode. 
Once the individual electrodes were fabricated they were affixed to a 
2 inch wide by 0.02 inch thick silicone rubber sheet.^ This material was 
chosen based on its electrically insulative and elastic properties. 
Stretching it exerts pressure on the electrodes to keep them from rolling 
and causing sudden electrical stings during stimulation. The electrodes 
were affixed to the silicone sheet by inserting the electrode wires 
through the sheeting and tying the electrodes in place with the wires. 
The electrode array was held onto the skin by means of an elastic 
2 bandage. 
D. Qualitative Evaluation 
Both the frequency-to-distance mapping circuit and the constant-
current stimulator circuit were qualitatively tested in a situation where 
the author served as the subject. The recorded word lists used for the 
aural testing were used as the test material. 
When the aural output of the frequency-to-distance mapping circuit 
(which acts as a digital high-pass filter) was qualitatively tested, it 
^Silastic®sheeting, nonreinforced silicone rubber, Dow Corning 
Corp., Medical Products Division, Midland, Michigan. 
^Ace®Bandage, Becton-Dickinson, Division of Becton-Dickinson and 
Co., Rutherford, New Jersey. 
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was found that, if a sufficient number of frequencies were passed, the 
output speech sounded identical to amplitude- and time-quantized speech. 
The number of discrete digital frequencies needed for the high-passed 
quantized speech to sound essentially the same as the amplitude- and 
time-quantized speech varied with the quantizing rate. These were at 
least 35, 20, 15, and 10 for the respective quantizing rates of 25 kHz, 
16.7 kHz, 10.0 kHz, and 6.25 kHz. The second-order prefilter was used for 
these tests. 
The constant-current stimulators were also qualitatively checked. A 
mild "tingling" or vibrational sensation was easily obtainable with the 
device. The sensation could be made the same for different pulse widths 
and delay times between pulses if the current amplitude was adjusted. 
Therefore, the delay time between Pp^g and was adjusted to essen­
tially zero for convenience. A 50 ysec pulse width for PpQg and was 
chosen so that there would be no overlap of current pulses on the higher-
frequency electrodes at the highest quantizing rate. Smaller pulse widths 
could have been chosen but more current amplitude would be needed since 
the amount of charge is constant for a given sensation level. A current 
peak amplitude of about 3 mA was found to give satisfactory stimulation 
for these conditions. 
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V. AURAL EVALUATION OF THE TACTILE AID 
A. Method 
Preliminary aural testing showed that the processed speech was still 
intelligible after being high-pass filtered by the frequency-to-distance 
mapping circuit. Therefore, more extensive testing was done to quantify 
the effects of high-pass filtering the quantized speech. Test results 
would indicate the number of discrete digital frequencies, and therefore 
the number of electrode pairs, needed for a given intelligibility as a 
function of quantizing rate. Again, the assumption was made that what 
was adequate for the aural channel would be adequate for the tactile 
channel. 
The parameters to be varied during the aural testing were the quan­
tizing rate and the number of frequencies passed by the frequency-to-
distance mapping circuit (equivalent!y the number of quantizing intervals 
allowed in the longest high or low level). The second-order band-pass 
filter was used to prefilter the speech in order to maximize the speech 
intelligibility as previously established. The quantizing rates chosen 
for testing were the same as used previously: 25.0 kHz, 16.7 kHz, 10.0 
kHz, and 6.25 kHz. A pretest showed that to obtain a wide range of in­
telligibility scores for the aural testing the following different numbers 
of quantizing intervals should be allowed in the longest levels: at a 
quantizing rate of 25.0 kHz, intervals of 7, 11, and 15 should be allowed 
in the longest levels; at 16.7 kHz, intervals of 5, 7, 11 and 15; at 
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10.0 kHz, intervals of 3, 7, 11, and 15; and 6.25 kHz, intervals of 3 and 
7. Thus, there were 13 test conditions. 
The procedure for the aural testing of the tactile aid was similar to 
what was done previously. The same magnetic tape recordings of the mono­
syllabic word lists spoken by the five speakers were used. Also the same 
room and loudspeaker were used. Seven college-age subjects who had no 
prior experience listening to quantized speech were used. They underwent 
an initial training period in which they listened to 18 word lists spoken 
by someone other than the five speakers. The first 11 lists were pre­
sented with a 25.0 kHz quantizing rate and the last 7 were presented with 
a 5.25 kHz quantizing rate. The second-order prefilter was used through­
out the testing and no high-pass filtering was done. 
The material to be tested was presented to the subjects in a random 
manner. After the order of presentation of the 13 conditions was random­
ized; the first speaker presented the first three conditions, the second 
speaker presented the next three conditions, etc., with the fifth speaker 
presenting the 13th condition and also the first three conditions. This 
continued until all combinations of speakers and conditions were tested. 
Because the subjects had been employed for a period exceeding that re­
quired for the above testing, three other conditions were evaluated: At a 
quantizing rate of 25.0 kHz, 23 intervals were allowed in the longest high 
or low level; at 15.7 kHz, 23 intervals were allowed in the longest level; 
and at 6.25 kHz, 11 intervals were allowed. These were chosen to increase 
the intelligibility scores at the indicated quantizing rates. The extra 
material was also presented in a random manner. 
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B. Results 
The results of the aural testing of the frequency-to-distance mapping 
circuit are shown in Table 1. For each test condition the average percent 
word intelligibility was calculated by averaging the results of the seven 
listeners for all five speakers. The standard deviations are also shown. 
For each of the conditions Table 1 shows the lowest digital frequency 
passed by the high-pass filter, the highest frequency passed, and the 
"digital bandwidth." The lowest frequency passed is found by multiplying 
the duration of the longest high or low level allowed by 2 (for a full 
cycle) and then inverting. The highest frequency always has a high and 
low level length of two quantizing intervals because the frequency with 
only a high or low level length of one is defined as the squelch frequency 
which is not passed. The numerical value of the highest frequency is 
found by multiplying the duration of one of its high or low levels by 2 
and then inverting. The "digital bandwidth" is found by subtracting the 
lowest frequency from the highest frequency. The results of the aural 
testing are shown in graphical form in Figures 21 and 22. 
C. Discussion of Results 
The results of the postfilter testing are shown in Figure 21 as 
percent word intelligibility versus the duration (in number of quantizing 
intervals) of the longest high or low level passed by the high-pass filter 
for each of the four quantizing rates used. The horizontal lines repre­
sent the average intelligibility that would be obtained if no high-pass 
Table 1. Data for the 16 different high-pass filter conditions 
Number of Lowest Highest 
Quantizing intervals in frequency frequency Digital Standard devia-
rate longest high passed passed bandwidth Percent word tion in per-
(kHz) or low level (kHz) (kHz) (kHz) intelligibility centage units 
25.0 7 1.79 6.25 4.46 39 11.5 
25.0 n 1.14 6.25 5.11 62 9.1 
25.0 15 .83 6.25 5.42 72 13.6 
25.0 23 .54 6.25 5.71 83 3.3 
16.7 5 1.67 4.17 2.50 37 11.0 
16.7 7 1.19 4.17 2.98 49 12.0 
16.7 11 .76 4.17 3.41 71 15.1 
16.7 15 .56 4.17 3.61 76 10.3 
16.7 23 .37 4.17 3.80 84 2.5 
10.0 3 1.67 2.50 .83 21 9.7 
10,0 7 .71 2.50 1.79 63 9.4 
10.0 11 .46 2.50 2.04 77 9.0 
10.0 15 .33 2.50 2.17 79 9.9 
6.25 3 1.04 1.56 .52 17 8.3 
6.25 7 .45 1.56 1.11 54 11.0 
6.25 11 .28 1.56 1.28 50 14.0 
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filter were used. These averages were obtained during the prefilter 
testing when the second-order band-pass filter was used. The curves tend 
to be asymptotic to the average scores for the previous testing as more 
quantizing intervals are allowed in the longest passed high or low signal 
levels. This was expected after the qualitative aural evaluation. The 
initial training of the subjects probably accounts for the 10.0 kHz quan­
tizing rate curve exceeding the previously obtained score. 
An important point of interest in Figure 21 is that 77% word in­
telligibility, which corresponds to highly intelligible speech, can be 
obtained with as few as 11 quantizing intervals in the longest high or 
low interval passed if a 10.0 kHz quantizing rate is used. This is espe­
cially significant if it is realized that the number of discrete digital 
frequencies in the filtered output is always one less than the nunter of 
quantizing intervals in the longest high or low level (because the fre­
quency that has only one quantizing interval in its high or low level is 
the squelch frequency which is never heard). Thus only 10 discrete 
digital frequencies, therefore 10 electrode pairs, are needed for 77% word 
intelligibility. If 70% word intelligibility is interpolated for a quan­
tizing rate of 10.0 kHz then the longest high or low level would have a 
duration of 9 quantizing intervals and therefore would have only 8 dis­
crete digital frequencies in the output. Thus, the 10.0 kHz quantizing 
rate appears to be the best to use of those tested to produce speech of 
adequate intelligibility (about 70%) with the fewest electrode pairs. 
The same results for the 16 different test conditions are shown again 
in Figure 22 as percent word intelligibility versus the digital bandwidth 
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of the quantized speech. It is again evident that the 10.0 kHz quantizing 
rate is the best of the rates used since it produces intelligible speech 
at a relatively small digital bandwidth. If contour lines are drawn 
through the same number of quantizing intervals allowed in the quantized 
speech by the high-pass filter, as is done for a length of 7, then it 
becomes obvious that for a constant number of quantizing intervals allowed 
in the longest high or low speech level there is a definite optimum quan­
tizing rate for maximum intelligibility. 
The quantitative results confirm the qualitative results which indi­
cate that intelligible speech remains after the high-pass filtering even 
if only a relatively small number of frequencies are allowed to pass. 
Also, the quantitative aural testing has shown that the 10.0 kHz quantiz­
ing rate should be used for actual tactile testing of the tactile hearing 
aid and that if 16 electrode pairs are chosen for the aid, they should be 
more than adequate to represent the speech information if the tactile 
channel responds as does the aural channel. 
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VI. QUALITATIVE EVALUATION OF TACTILE AID PARAMETERS 
Following the aural testing of the tactile aid (which indicated that 
speech processed by it remained intelligible), qualitative testing of the 
tactile aid was undertaken using the tactile sensors of the skin as the 
receptors. Testing parameters included the placement of the array; the 
necessity of having pairs of electrodes, as opposed to single electrodes, 
indicating the digital frequencies; the effect of electrode spacing; the 
effect of current amplitude; and the effect of different prefiltering 
conditions and quantizing rates. 
A. Method 
The qualitative testing involved the subjective evaluation of the 
above items in a situation where the author served as the subject. The 
test material, spoken by the author, was the numbers zero through nine 
recorded on magnetic tape using the same tape recorder as before. 
B. Results and Discussion 
The evaluation of the electrode array placement indicated that the 
back was not a suitable location for the array due to the depression in 
the surface along the spinal cord which kept some of the electrodes from 
making proper contact. The area of the abdomen extending to the loin area 
of the back was found to be the most suitable for horizontal placement of 
the array. The testing also indicated that the array should be positioned 
between the umbilicus and the bottom of the rib cage because electrodes 
placed over the ribs were prone to produce sudden stings. 
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During the qualitative testing concerning the placement of the elec­
trode array it was observed that the pattern of tactile sensation was the 
same as the pattern seen on the LED display. Because the LED display only 
represented the high levels of the digital frequencies, it was hypothe­
sized that only one electrode rather than a pair of electrodes would be 
needed to represent each of the digital frequencies. To test this 
hypothesis, a new array of 31 electrodes in a straight line was con­
structed. Only 31 electrodes were used rather than 32 because only five 
bits from the counter were decoded which represent 32 frequencies, and one 
of these, the squelch frequency, was not presented. Subsequent tests 
revealed that there was no perceptible difference between 16 frequencies 
displayed with a pair of electrodes or with single electrodes indicating 
each frequency. Therefore all further testing was done with only a single 
electrode indicating each frequency. 
The spacing of the electrodes was not critical. However, a distance 
of about 1/2 inch between the electrode centers on the skin spread out the 
perceived tactile pattern and yet allowed the array to fit the space on 
the abdomen and the flank and loin areas of one side. 
The current amplitude had no effect upon the perceptibility of the 
test units. Therefore, it was assumed, in the subject's interest, that a 
comfortable stimulation level would be used for further testing. 
It was also observed that the no prefiltering condition allowed more 
low frequency information to be displayed than with the second-order band­
pass prefilter. The additional low frequency information provided easier 
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identification of some of the test words, especially those containing 
nasal sounds. 
The effect of varying the quantizing rate was also studied during the 
qualitative testing of the tactile aid. As expected, quantizing rates 
below 10-0 kHz did not improve the perceptibility of the test units. 
Those rates above 10.0 kHz, while they spread out the tactile pattern, 
also did not improve the discrimination of the test units. 
In summary, the qualitative tests indicated that further testing of 
the tactile aid should be done with both the second-order prsfiltering 
condition and the no prefiltering condition using a quantizing rate of 
10.0 kHz. Because only a single electrode is needed to indicate a given 
digital frequency, 31 electrodes and therefore 31 frequencies should be 
displayed to provide the most information to the tactile sense that is 
possible with the existing number of stimulator circuits. The current 
amplitude should be at a comfortable level, and the array should be placed 
horizontally between the rib cage and umbilicus with the electrodes spaced 
approximately 1/2 inch from center-to-center. 
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VII. QUANTITATIVE EVALUATION OF THE TACTILE AID 
A. Method 
After completing the qualitative evaluation of the tactile hearing 
aid, quantitative testing was done. The quantitative testing was pat­
terned after that done by Pickett and Pickett (1963) because it was the 
most quantitative evaluation of a tactile hearing aid reported in the 
literature. 
The test material consisted of the 19 pairs of consonants and the two 
groups of vowels used by Pickett and Pickett except that each vowel group 
contained only five vowels instead of six. One group contained a vowel, 
/a/ (southerners use this phoneme in words such as "five" and "mine"), 
which is not a common American English vowel (Bronstein, 1960) and so was 
omitted. To keep the vowel groups equal one of the vowels, /aw/ (pro­
nounced as the "a" in talk), was omitted from the second group of six 
vowel s. 
Some of the consonant pairs were chosen by Pickett and Pickett to de­
termine if a distinction could be made between stops and continuants, 
/t-n/, /s-t/, /m-b/, and /f-b/; between voiced and unvoiced consonants, 
/sh-zh/, /t-d/, /p-b/, /s-z/, and /f-v/; between fricatives, voiced and 
unvoiced, with similar place of articulation, /sOf/, /z-zy/, /s-sh/, and 
/z-v/; and between nasals, glides, and other vowels (see Appendix A for a 
further explanation of the terms used here). 
The first group of vowels, /ee, ei, ah, o, and oo/, were chosen by 
Pickett and Pickett to maximize the average distance between them when 
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their first formant frequencies were plotted versus their second formant 
ferquencies. The formants of the second vowel group, /I, e, er. A, and 
U/, are closer together. 
The test material was recorded onto magnetic tape by a single male 
speaker using the same tape recorder and sound-proof room described 
previously. A carrier phrase was used with each phoneme to keep the 
intensity of the speaker's voice constant and to prepare the subject for 
a forthcoming test unit. The phrase /traCat/, where C denotes a con­
sonant, was used for each consonant and /trapVt/, where V denotes a vowel, 
was used for each vowel. The "a" in each phrase was pronounced as the 
"a" in father. The accent was always on the second syllable. For each 
consonant pair, 15 examples of each separate consonant were recorded in a 
random order with 2 to 3 seconds between utterances. Thus each consonant 
test consisted of 30 phrases. For each vowel group, four separate tests 
were recorded. Each test contained 10 repetitions for each of the five 
vowels. The 50 phrases were presented in a different random order for 
each test and the phrases were separated by a 2- to 3-second interval. 
The subjects, four males and one female, were college-age students 
whose ages ranged from 20 to 29 years. One subject had a childhood hear­
ing problem of an undetermined nature. However, the subject later passed 
a hearing test given during military service. 
The electrode array, used for the transmission of the frequency in­
formation to the skin, was horizontally placed between the rib cage and 
umbilicus. The electrodes which indicated the highest frequencies were 
placed on the left side of the abdomen with the first electrode placed in 
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line with the left breast and ilium. The array extended across the 
abdomen and around to the flank area and was kept between the bottom of 
the rib cage and the iliac crest. The position of the electrodes which 
indicated the lowest frequencies depended upon the size of the subject 
but never reached the spinal cord. 
A "warm-up" period of 4 to 6 minutes preceded each test. For 2 to 3 
minutes the material to be tested was presented to the subjects using the 
prefiltering condition under test and with the squelch system activated. 
For the following 2 to 3 minutes the squelch system was deactivated 
causing continuous stimulation especially of the low frequency indicating 
electrodes. During this procedure the subject adjusted the amplitude of 
the stimulation current to a comfortable level. 
The subjects were initially trained in four 1-hour sessions, one per 
day for 4 days. The consonant pairs were used as the test material. The 
no prefiltering condition and a 10.0 kHz quantizing rate were used. Be­
cause various conditions (such as the procedure for the "on-line" correc­
tion) were changed to find the best test procedure, no estimate was made 
of any training effect. After the 4-day training period the actual test­
ing was undertaken. 
The test procedure involved discrimination tests for the consonants 
and identification tests for the vowels. The testing was done in a 1-hour 
session each day for each subject. Before each discrimination and identi­
fication test the subjects received about 5 minutes of training using the 
material to be tested. A 10.0 kHz quantizing rate was used for all 
tests. When the test material was presented to the subjects they wrote 
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down on paper the identity of the phoneme presented. They were encouraged 
to guess if in doubt. 
The subjects received immediate correction of their answers. The 
correct responses were written next to their answers and were exposed as 
they moved a "cover-up" sheet. 
For the consonant testing the 19 pairs of consonants were divided 
into four groups. Three groups had five pairs in them and the last group 
had four pairs. The first group was tested on the first two consecutive 
days, the next group on the following two days, etc- Therefore, 8 days 
were spent testing the consonants for the no prefiltering condition. The 
following 8 days were spent repeating the above procedure for the second-
order prefiltering condition. 
The two vowel groups were also tested with both prefiltering condi­
tions. For the no prefiltering condition all four random recordings of 
the first vowel group were tested on the first and second days and all 
four recordings of the second vowel group were tested on the third and 
fourth days. For the second-order prefilter condition the above procedure 
was repeated. 
B. Results 
The consonant discrimination test results are shown in Tables 2 and 
3, which give the results of each subject for the no prefiltering condi­
tion and the second-order prefiltering condition, respectively. The re­
sults are presented in percent right corrected for guessing. This is 
obtained by subtracting the number wrong from the number right divided by 
71 
Table 2. Results of consonant testing with no prefiltering; scores are 
percent right corrected for guessing 
Test Day 1 Test Day 2 
Subject Subject 
A B C D E A B C D E 
y-1 20.0 -13.3 26.7 33.3 40.0 33.3 40.0 40.0 40.0 26.7 
t-n 80.0 80.0 46.7 73.3 93.3 86.7 93.3 86.7 60.0 93.3 
s-sh 6.7 6.7 6.7 -6.7 46.7 53.3 33.3 6.7 6.7 53.3 
s-z -13.3 0.0 13.3 -40.0 26.7 40.0 40.0 33.3 -13.3 73.3 
w-tn 86.7 93.3 66.7 80.0 86.7 80.0 93.3 73.3 100.0 66.7 
t-d 46.7 20.0 13.3 53.3 40.0 0.0 53.3 6.7 26.7 53.3 
s-f 93.3 80.0 100.0 86.7 66.7 100.0 80.0 66.7 80.0 100.0 
s-t 80.0 93.3 100.0 53.3 66.7 40.0 93.3 46.7 80.0 86.7 
d-1 86.7 80.0 26.7 66.7 33.3 -20.0 46.7 26.7 -13.3 20.0 
y-n 53.3 60.0 -26.7 53.3 66.7 26.7 6.7 -6.7 46.7 33.3 
1-n 60.0 73.3 33.3 13.3 86.7 80.0 33.3 20.0 66.7 60.0 
1-r 53.3 40.0 0.0 o
 
o
 
-13.3 6.7 6.7 0.0 -6.7 46.7 
f-b 26.7 6.7 -20.0 20.0 20.0 6.7 26.7 0.0 13.3 0.0 
z-zh 46.7 33.3 26.7 -13.3 13.3 26.7 40.0 0.0 33.3 26.7 
sh-zh 66.7 66.7 20.0 26.7 93.3 53.3 46.7 26.7 46.7 33.3 
f-v 40.0 -6.7 20.0 -20.0 20.0 33.3 -13.3 20.0 6.7 -13.3 
m-b 53.3 60.0 73.3 40.0 80.0 53.3 86.7 53.3 60.0 93.3 
p-b -13.3 0.0 0.0 20.0 0.0 20.0 26.7 0.0 60.0 46.7 
z-v -13.3 53.3 33.3 -33.3 20.0 20.0 33.3 -13.3 0.0 40.0 
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Table 3. Results of consonant testing using a second-order prefilter; 
scores are given in percent right corrected for guessing 
A B 
Subject 
C D E A B 
Subject 
C D E 
y-1 53.3 13.3 -6.7 13.3 20.0 53.3 20.0 40.0 20.0 66.7 
t-n 40.0 66.7 46.7 86.7 93.3 80.0 86.7 33.3 86.7 93.3 
s-sh 20.0 33.3 46.7 0.0 20.0 -13.3 33.3 33.3 40.0 53.3 
s-z 13.3 0.0 -20.0 -13.3 33.3 20.0 20.0 6.7 -6.7 40.0 
w-m 6.7 46.7 -13.3 13.3 53.3 73.3 33.3 20.0 66.7 73.3 
t-d 13.3 -6.7 13.3 13.3 20.0 13.3 -6.7 53.3 26.7 13.3 
s-f 73.3 86.7 93.3 86.7 93.3 93.3 93.3 93.3 93.3 93.3 
s-t 46.7 80.0 66.7 66.7 86.7 73.3 93.3 93.3 73.3 93.3 
d-1 60.0 60.0 40.0 13.3 73.3 66.7 86.7 -6.7 13.3 80.0 
y-n 80.0 33.3 -13.3 -53.3 40.0 80.0 53.3 20.0 6.7 46.7 
1-n 46.7 20.0 40.0 40.0 13.3 -13.3 13.3 0.0 20.0 -13.3 
1-r 33.3 46.7 33.3 20.0 20.0 46.7 73.3 6.7 26.7 26.7 
f-b 13.3 20.0 26.7 6.7 46.7 26.7 -13.3 0.0 13.3 40.0 
z-zh 25.7 46.7 13.3 20.0 45.7 33.3 -6.7 53.3 -6.7 53.3 
sh-zh 40.0 6.7 33.3 20.0 46.7 20.0 60.0 6.7 26.7 13.3 
f-v 0.0 -20.0 -20.0 -13.3 26.7 33.3 -13.3 -6.7 13.3 26.7 
m-b 93.3 86.7 93.3 93.3 93.3 86.7 100.0 66.7 66.7 93.3 
p-b 33.3 13.3 13.3 -6.7 -13.3 0.0 0.0 6.7 33.3 40.0 
z-v 13.3 33.3 13.3 26.7 20.0 40.0 46.7 0.0 6.7 80.0 
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the total number presented, which was 30 for each test, and multiplying by 
100. The order shown in the tables for the consonant pairs is the order 
in which they were presented to the subjects. 
The average consonant discrimination results are shown in Table 4 for 
both prefiltering conditions. The averages were obtained by averaging 
over the five subjects. The standard deviations are shown in parentheses. 
The averages for the four columns of data, representing the average of all 
consonant pair results, are shown at the bottom of the page. 
A negligible training effect was found when the no prefiltering re­
sults of the first and second days were compared. There was only a 2.6% 
increase in the column averages for the two days (from 38.5% to 39.37%), 
and, comparing the individual results of the first day versus the second 
day, nine were higher, nine were less, and one was the same. Again, this 
indicates no net training effect. A paired-t test of the individual sub­
ject's total averages s over all consonants, for the first and second day 
also showed no training effect. The critical probability in this and all 
other paired-t tests was chosen to be 5%. The first- and second-day 
averages for the individual subjects, used in the paired-t test, can be 
found in Table 5. 
For the second-order prefilter tests a training effect was noticed. 
There was a 19% increase in the overall consonant averages between the 
first and second days (33.1% to 39.4%). Also, comparing the individual 
results in Table 4, 5 of the first-day scores were higher than the second-
day scores and 14 were less than the second-day results. Using a paired-t 
test, the hypothesis that there was no training effect between the two 
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Table 4. Results of the consonant testing averaged over the five sub­
jects; the standard deviations are given in parentheses; the 
averages of all consonant scores are shown at the bottom of 
the table 
No prefilter Second-order prefilter 
First day Second day First day Second day 
y-1 21.3(20.8) 38.7(3.0) 18.7(21.8) 40.0(20.5) 
t-n 74.7(17.3) 84.0(13.8) 66.7(23.6) 76.0(24.3) 
s-sh 12.0(20.2) 30.7(23.4) 24.0(17.4) 29.3(25.2) 
s-z -2.7(25.5) 34.7(31.1) 2.7(21.4) 16.0(17.4) 
w-m 82.7(10.1) 82.7(13.8) 21.3(28.0) 53.3(24.9) 
t-d 34.7(17.3) 28.0(25.1) 10.7(10.1) 20.0(22.1) 
s-f 85.3(12.8) 85.3(14.5) 86.7(8.2) 93.3(0.0) 
s-t 78.7(19.1) 69.3(24.3) 69.3(15.3) 85.3(11.0) 
d-1 58.7(27.2) 12.0(28.0) 49.3(23.4) 48.0(42.0) 
y-n 41,3(38.4) 21.3(21.3) 17.3(51.6) 41.3(28.8) 
1-n 53.3(29.8) 52.0(24.7) 32.0(14.5) 1.3(15.2) 
1-r 16.0(28.9) 10.7(20.9) 30.7(11.2) 36.0(25.0) 
f-b 10.7(18.6) 9.3(11.2) 22.7(15.3) 13.3(21.1) 
z-zh 21.3(22.8) 25.3(15.2) 30.7(15.3) 25.3(30.3) 
sh-zh 54.7(30.7) 41.3(11.0) 29.3(16.1) 25.3(20.8) 
f-v 10.7(23.9) 6.7(20.5) -5.3(19.7) 10.7(20.3) 
m-b 61.3(15.9) 69.3(19.2) 92.0(3.0) 82.7(15.3) 
p-b 1.3(11.9) 30.7(23.4) 8.0(18.5) 16.0(19.2) 
z-v 12.0(35.1) 16.0(22.4) 21.3(8.7) 34.7(32.5) 
Averages 38.5 39.3 33.1 39.4 
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Table 5. Subject variability for the consonant tests for the no prefilter 
condition 
A B 
Subject 
C D E 
First day 45.3 43.5 29.5 26.7 46.7 
Second day 38.9 45.6 25.6 36.5 49.5 
Average 42.1 44.6 27.6 31.6 48.1 
SO 4.5 1.5 2.8 6.9 2.0 
Subject average 38.8 
Subject SD 8.8 
days was rejected which also indicated training. The individual subject 
averages, used in the paired-t test, are shown in Table 6. 
The above comments or. training seem reasonable because the subjects 
received 4 days initial training using the no prefiltering condition and 
no prior training with the second-order prefiltering condition. Therefore 
a training effect should not be evident in the no prefilter testing and 
should be evident in the second-order prefilter testing. 
A measure of the variability of the subjects was obtained for each 
of the prefilter conditions. The individual subject's consonant scores 
were averaged for both the first and second days. These overall subject 
averages were then used to obtain an estimate of the average and standard 
deviation for the population of subjects. Tables 5 and 6 show the data 
used in arriving at the population estimates for the no prefilter test 
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Table 6. Subject variability for the consonant test for the second-order 
prefilter condition 
A B 
Subject 
C D E 
First day 37.2 35.1 26.3 22.8 43.9 
Second day 42.8 40.7 27.4 32.6 53.3 
Average 40.0 37.9 26.9 27.7 48.6 
SD 4.0 4.0 0.8 6.9 6.6 
Subject average 36.2 
Subject SD 9.1 
(average = 38.8, SD = 8.8) and for the second-order prefilter test 
(average = 36.2, SD = 9.1). 
Because each subject took all consonant-pair tests twice, their 
first- and second-day scores were averaged as the best estimate of the 
individual subject's response to the particular consonant pairs. The 
averages of the five subjects for each consonant pair were then used to 
compute the results shown in Table 7. This tabulation represents the 
population estimates of all subjects. The 90% confidence interval shown 
for each average, was found using a t-distribution table with four degrees 
of freedom. The 90% confidence interval is given because comparisons of 
the consonant data obtained here with that obtained by Pickett and Pickett 
(1953) are based on this interval. 
The results of the vowel discrimination tests for each subject are 
shown in Tables 8 and 9. The results are presented in percent information 
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Table 7. Average percent right (corrected for guessing) for each of the 
consonant test pairs; the 90% confidence interval is shown for 
each average 
No prefilter Second-order prefilter 
Standard Standard 
Average deviation Average deviation 
s-f 85.3+6.2 5.5 90.0±3.9 4.1 
w-m 82.7+9.1 9.5 37.3±20.5 21.5 
t-n 79.3±n.5 12.1 71.3±20.5 21.6 
s-t 74.0±12.0 12.6 77.3+11.8 12.3 
m-b 65.3±14.3 15.0 87.3±6.5 6.8 
1-n 52.7+18.9 19.8 16.7±10.3 10.8 
sh-zh 48.0±16.4 17.2 27.3+5.2 5.5 
d-1 35.4+15.2 15.9 48.7+29.7 31.2 
t-d 31.3+14.0 14.6 15.3±13.8 14.5 
y-n 31.3±26.5 27.8 29.3±38.2 40.0 
y-1 28.7+8.9 9.3 29.3±16.9 17.7 
z-zh 23.3±12.1 12.7 28.0+15.3 16.1 
s-sh 21.3il8.9 19.8 26.7^14.4 15.1 
p-b 16.0±15.5 16.2 12.0±3.6 3.8 
s-z 15.0±26.3 27.5 9.3±18.0 18.9 
z-v 14.0±22.3 23.4 28.0±16.6 17.4 
1-r 13.3+13.9 14.5 33.3±16.0 16.8 
f-b 10.0+11.0 11.6 18.0±14.7 15.4 
f-v 8.7±1S.6 19.5 2.7+17.9 18.8 
Table 8. Percent information transmitted for each subject and each test given for the no pre-
filtering condition 
Vowel 
Group 
la 
Vowel 
Group 
lib 
A 
First day 
Subject 
C D A 
Second day 
Subject 
B C D  
^Vowel Group I /ee, ei, ah, o, 00/ 
^Vowel Group II /I, e, er. A, u/. 
Test 1 9.7 16.7 8.3 25.8 29.2 19.4 21.9 22.5 34.2 32.7 
Test 2 25.4 14.1 11.1 23.7 15.4 22.9 21.4 13.7 26.0 30.3 
Test 3 19.2 19.6 20.6 22.5 30.0 33.4 24.5 19.9 25.9 40.1 
Test 4 14.5 21.1 11.6 19.6 20.6 11.8 12.8 15.8 23.6 37.7 
Test 1 21.4 13.1 16.3 23.3 13.6 33.5 40.4 12.4 32.2 34.9 
Test 2 14.7 16.9 19.0 27.6 24.2 19.9 20.5 15.0 30.4 30.7 
Test 3 13.9 16.0 14.6 19.9 37.3 34.0 37.4 17.4 28.4 22.1 
Test 4 18.9 17.9 13.0 23.5 28.1 22.0 28.0 12.0 25.9 23.1 
Table 9. Percent information transmitted for each subject and each test given for the second-order 
prefiltering condition 
Vowel 
Group 
la 
Vowel 
Group 
lib 
First day 
Subject 
C D A 
Second day 
Subject 
B C D  
^Vowel Group I /ee, ei, ah, o, 00/ 
^Vowel Group II /I, e, er. A, u/. 
Test 1 42.1 34.5 41.4 25.8 41.2 32.6 36.4 42.8 31.6 44. 7 
Test 2 30.2 32.0 18.7 22.7 30.1 33.4 24.1 38.7 25.5 44. 5 
Test 3 26.4 25.2 20.5 28.7 29.2 29.3 37.0 24.6 35.2 40. 1 
Test 4 46.2 31.9 27.2 38.1 33.7 38.5 33.0 33.9 24.6 50. 7 
Test 1 18.7 9.5 9.2 17.3 17.2 26.8 19.6 13.8 16.5 14. 1 
Test 2 18.3 19.5 11.3 18.0 15.5 23.5 26.2 8.9 13.6 17. 2 
Test 3 7.5 15.4 10.8 25.2 11.1 18.8 13.7 16.0 8.5 22. 7 
Test 4 25.2 25.3 17.0 13.9 17.7 29.1 17.1 27.1 18.3 27. 4 
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transmitted to the subjects, which is the method of presentation used by 
Pickett and Pickett (1963). 
The percent information transmitted is obtained by first making a 
confusion matrix as shown in Figure 23. The items presented, X, are 
listed on the left and the items received, Y, by the subjects are listed 
on top of the matrix. The number in each cell then represents the number 
of times a y. was received for an x^ sent. The percent information 
transmitted is then equal to * (^00). 
H(X) is the entropy or average information of the source and is given 
5 
by H(X) = - Z  P(x.) log? P(x.). Because there are an equal number of x.'s 
i=l 
in each test, the probability of each is 1/5 and therefore H(X) = loggS 
bits/symbol. H(X/Y) is the entropy or average information of X given Y 
and is given by 
5 5 
H(X/Y) =-Z 2 P{x,, y,).log,P(x./y,). j=l i=l ' ' - T 3 
The averages for each subject over all four tests are shown in Table 
10. The population estimates for each day are shown on the right. With 
each average is shown its 90% confidence interval, to be consistent with 
the presentation of the consonant data. 
All the second-day averages are higher than the first-day averages 
which indicates a training effect. However, there is only a significant 
difference, as determined by a paired-t test at the 5% level, between the 
first- and second-day test for the no prefilter condition and vowel group 
I. 
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6 3 1 0 0 
1 8 1 0 0 
2 4 3 1 0 
0 1 0 7 2 
0 0 0 0 10 
H(X) = 2.322 
H(X/Y) = 1.145 
Percent information transmitted 
= ' 100 = 50.69% 
Figure 23. Confusion matrix and corresponding percent information trans­
mitted for subject E for test number 4 of Vowel Group I on 
the second day. 
C. Discussion of Results 
The results of the consonant testing averaged over all speakers and 
both days are shown in Table 11 with the results obtained by Pickett 
and Pickett (1963). 
A paired-t test, at the 5% level, was used to check for any signifi­
cant differences between the no prefiltering condition and the second-
order prefiltering condition for each consonant pair. The results for the 
four consonant pairs /w-m/, /1-n/, /sh-zh/, and /t-d/ were significantly 
better using the no prefiltering condition compared to using the second-
order prefiltering condition. For the second-order prefiltering condition 
the consonant pair /1-r/ was significantly better than the results using 
Table 10. Percent information transmitted to each subject based on an average of four tests; the 
average of all the subjects is given at the right with the 90% confidence intervals; 
standard deviations are given in parentheses 
Prefilter 
condition 
Vowel 
Group Day A B 
Subject 
C D E 
Subject 
average 
No prefilter l" First 17.2 (5.7) 
17.9 
(3.1) 
12.9 
(5.3) 
22.9 
(2.6) 
23.8 
(7.0) 
18.9±4.3 
(4.5) 
Second 21.9 
(9.0) 
20.1 
(5.1) 
18.0 
(4.0) 
27.4 
(4.7) 
35.2 
(4.5) 
24.5+6.6 
(6.9) 
11*^ First 17.2 (3.5) 
16.0 
(2.1) 
15.7 
(2.6) 
23.5 
(3.2) 
25.8 
(9.8) 
19.6+4.5 
(4.7) 
Second 27.4 
(7.4) 
31.6 
(9.1) 
14.2 
(2.5) 
29.2 
(2.7) 
27.7 
(6.2) 
26.0±6.5 
(6.8) 
Second order I First 3G.2 (9.4) 
30.9 
(4.0) 
27.0 
(10.3) 
28.8 
(6.7) 
33.5 
(5.5) 
31.3±3.5 
(3.7) 
Second 33.5 
(3.8) 
32.6 
(5.9) 
35.0 
(7.8) 
29.3 
(5.0) 
45.0 
(4.4) 
35.U5.9 
(6.2) 
II First 17.4 (7.4) 
17.4 
(6.6) 
12.1 
(3.4) 
18.6 
(4.7) 
15.4 
(3.0) 
16.2+2.4 
(2.6) 
Second 24.6 
(4.5) 
19.2 
(5.3) 
16.4 
(7.7) 
14.2 
(4.3) 
20.3 
(5.9) 
18.9+3.8 
(4.0) 
^Vowel Group I /ee, ei, ah, o, 0 0 / .  
'^Vowel Group II /I, e, er, A, u/. 
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Table 11. Comparison of consonant data 
No 
prefiltering 
Second-order 
prefiltering 
Pickett & Pickett 
(1963) 
Stops and continuants 
/t-n/ 79.3±11.5 71.3±2Q.5 84.2 
/s-t/ 74.0+12.0 77.3±11.8 99.5 
/m-b/ 65.3±14.3 87.3±6.5 56.1 
/f-b/ io.o±n.o 18.0±14.7 52.0 
Voiced and unvoiced 
/sh-zh/ 48.0±16.4* 27.3±5.2 50.0 
/t-d/ 31.3±14.0* 15.3+13.8 50.0 
/p-b/ 16.0±15.5 12.0±3.6 22.0 
/s-z/ 15.0±26.3 9.3±18.0 62.3 
/f-v/ 8.7±18.6 2.7±17.9 40.5 
Place of articulation 
/s-f/ 85.3±6.2 90.0±3.9 82.2 
/z-zh/ 23.3±12.1 28.0±15.3 63.8 
/s-sh/ 21.3±18.9 26.7±i4.4 76.2 
/z-v/ 14.0±22.3 28.0±16.6 84.2 
Nasals, glides, and semi­
vowel s 
/w-m/ 82.7±9.1* 37.3±20.5 29.5 
/1-n/ 52.7±18.9* 16.7±10.3 44.0 
/d-1/ 35.4±15.2 48.7±29.7 48.5 
/y-n/ 31.3±25.5 29.3+38.2 82.2 
/y-1/ 28.7±8.9 29.3±16.9 83.5 
/1-r/ 13,3±13.9 33.3+16.0* 27.0 
Average (std. Dev.) 38.8(26.6) 36.2(26.4) 59.9(22.4) 
•Indicates a significant difference between the two prefiltering 
conditions. 
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no prefiltering. The prefilter conditions can also be compared based on 
the overall averages obtained with their use. The no prefiltering condi­
tion had an average of 38.8% correct and the second-order was close to 
that with 36.2% correct averaged over all consonant pairs. 
The above percentages would seem to indicate that the no prefiltering 
condition is better than second-order prefilter condition. However, this 
may not be valid because the subjects received initial training with the 
no prefiltering condition and none with second-order prefiltering condi­
tion. 
Of the groups of consonants tested, the tactile aid worked well for 
both filtering conditions in detecting the difference between stops and 
continuants /t-n/, /b-t/ and /m-b/ with the exception of the pair /f-b/. 
Nasals were more accurately discriminated overall with the no prefiltering 
condition than with the second-order prefiltering condition. 
The place of articulation was readily determined for both filtering 
conditions for the pair /s-f/ while others in this voiceless fricative 
group were poorly discriminated. In general the difference between voiced 
and unvoiced consonants was difficult to determine. 
Direct comparisons of the data reported here with that obtained by 
Pickett and Pickett (1963) are difficult because the averages reported by 
Pickett and Pickett were stated without any standard deviations. For the 
sake of comparison, though, the same 90% confidence intervals of the cor­
responding data were assigned to the data reported by Pickett and Pickett. 
If there was no overlap in the 90% confidence interval then this was con­
sidered significant. Comparing the individual consonant pair results of 
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the tactile aid developed here with the results of Pickett and Pickett for 
the no prefilter condition, one score of the 19 was significantly higher, 
13 were the same, and five were significantly lower than the corresponding 
data of Pickett and Pickett. For the second-order prefilter condition, one 
was significantly higher, seven were tha same, and 11 were significantly 
less than the results reported by Pickett and Pickett. These findings plus 
the fact that the overall consonant average reported by Pickett and Pickett 
is 59.9% would indicate that for the tactile aid reported here the conso­
nants may not be intelligible as for the tactile aid evaluated by Pickett 
and Pickett. However, at least one subject had scores greater than or com­
parable to those reported by Pickett and Pickett for all consonant pairs. 
Subject C who had the childhood hearing problem had the lowest scores 
as shown in Tables 5 and 6. However, subject D who had normal hearing did 
not have significantly higher scores. Thus there probably was no connec­
tion between subject C's early hearing difficulties and his low scores. 
The second-day averages, over all subjects, for the testing of the 
vowels are shown in Table 12 and were used for comparisons because all 
second-day averages were higher than the first-day averages due to train­
ing and, therefore, represent the best estimate of the subjects' re­
sponses. There was a significant difference between the effects of the 
different prefilter conditions on the two vowel groups. Paired-t tests 
indicated that the second-order prefilter condition gave significantly 
better results for Vowel Group I than did the no prefilter condition. 
However, the opposite was true for Vowel Group II. The no prefilter 
condition gave the more consistent results for each vowel group, but the 
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Table 12. Comparison of the data obtained on the second day for each 
vowel group with the data obtained by Pickett and Pickett 
(1963); the 90% confidence intervals are shown and the stand­
ard deviations are given in parentheses 
Vowel Group I^ Vowel Group 11*^ 
No prefilter 24.5±6.6 26.0±6.5 
(6.9) (6.8) 
Second-order 35.U5.9 18.9±3.8 
prefi1 ter (6.2) (4.0) 
Results of Pickett 49.6±41.1 23,8±17.9 
and Pickett (9.2)  (4.0)  
^Vowel Group I /ee, ei, ah, o, oo/. 
^Vowel Group II /I, e, er. A, u/. 
overall average was slightly higher for the second-order prefilter condi­
tion. Again as with the consonant data, it was not possible to determine 
which prefilter condition was the better one to use. 
The results of Pickett and Pickett, used for the comparison, were 
obtained by averaging the responses of both subjects only to the male 
speaker. These results are also shown in Table 12. The 90% confidence 
intervals for these results are very large because only two subjects were 
used by Pickett and Pickett. 
If no overlap in the 90% confidence intervals is used as the test of 
a significant difference between the data, then there is no significant 
difference between the results of Pickett and Pickett and those obtained 
with the tactile aid developed here. Accurate comparisons are difficult to 
make, though, because of the differences in the two test procedures used. 
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Five vowels were used versus the six used by Pickett and Pickett and five 
subjects were used versus two used by Pickett and Pickett. 
If, however, the data is compared only on the basis of the averages, 
it appears that the device used by Pickett and Pickett allows greater 
recognition of Vowel Group I and about the same recognition of Vowel Group 
II as compared to the tactile aid developed here. 
Subject C with the childhood hearing problem again had some of the 
lowest scores for the vowel testing, but the differences between the 
scores of this subject and the other subjects are not as great as they 
were in the consonant scores. Again, this indicates that it may be just 
by chance that subject C's scores are low. 
In both the consonant and vowel testing, the results are all better 
than chance; therefore, a degree of information is being transmitted by 
the device. However, probably not enough information is transmitted to 
enable the understanding of connected speech. 
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VIII. SUMMARY AND RECOMMENDATIONS 
The tactile aid developed here was designed to meet several require­
ments in the hopes of producing an aid that would allow speech to be 
understood using the tactile senses. First, it was to map sound frequen­
cies onto the skin in direct analogy to the action performed by the 
basilar membrane. Second, it was to avoid the delays associated with 
highly selective analog band-pass filters. Third, the stimulation of the 
skin was to be done silently, and fourth, the output of the aid was to be 
within the limited dynamic range of the tactile senses. 
To help meet the requirements of the tactile aid, speech was simpli­
fied by amplitude-dichotomizing and time-quantizing and was then further 
processed with digital electronics to achieve a frequency-to-distance 
mapping. The speech was also prefiltered before processing to reduce 
background noise and to remove signal frequencies not essential for speech 
intelligibility. 
Aural testing of the amplitude- and time-quantized speech showed that 
a second-order band-pass prefilter gave the best intelligibility of the 
filters tested. Also, of the quantizing rates tested, a 10.0 kHz rate, 
with the second-order prefilter, yielded a word intelligibility of over 
70% (considered adequate for understanding conversational speech). Histo­
grams made during the above testing showed that frequencies below 200 Hz 
occurred very infrequently or not at all. This information was used in 
designing the frequency-to-distance mapping circuit. 
The frequency-to-distance mapping circuit was aurally checked using 
the second-order band-pass prefilter. It was found that the intelligi­
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bility of the speech remained high and that only 15 discrete digital 
frequencies were needed with a 10.0 kHz quantizing rate to maintain over 
70% word intelligibility. 
Qualitative testing of the complete tactile hearing aid showed that 
only one electrode was needed to indicate each digital frequency, that the 
array should be placed against the abdomen between the umbilicus and the 
bottom of the rib cage, and that a no prefilter condition should be 
tested as well as the second-order prefilter because the no prefilter 
would possibly indicate the nasal phonemes better than the second-order 
prefilter condition. 
Quantitative testing of the device was then done similar to the test­
ing done by Pickett and Pickett (1963). Stop and continuant consonants 
were distinguished well with the device for both the above prefiltering 
conditions. Nasals were discriminated better by using the no prefiltering 
condition presumably due to the low frequency content of such phonemes. 
For both prefilter conditions the difference between voiced and unvoiced 
consonants was not easily discerned and place of articulation was only 
discriminated well for one of the four pairs of fricatives tested. The no 
prefiltering condition seemed to produce slightly better results for the 
consonant testing. However, the subjects were initially trained with the 
no prefilter condition and received no training at all with the second-
order prefilter which may have accounted for the difference. For the 
vowel testing, the no prefiltering condition was the more consistent but 
the second-order prefilter performed slightly better overall. 
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The results are inconclusive as to which prefilter condition yields 
the better overall results. However, with more training the second-order 
prefilter condition may be the best to use, because of the lack of subject 
training with it for the consonants and because the aural testing showed 
that the most intelligible speech was obtained with it. 
Comparisons of the data obtained here with the results of Pickett 
and Pickett were difficult to make, but the tactile aid devised by Pickett 
and Pickett appeared to perform better for the consonants and for one of 
the two vowel groups tested because of the higher test scores obtained for 
these conditions. 
Understanding of connected speech cannot be accomplished by the 
tactile senses using this device in its present form. The problem appar­
ently lies in the transduction of the material by the tactile senses and, 
maybe, in the central perceptive processes, because the aural testing of 
the device showed speech to be intelligible after being processed by the 
tactile aid. 
Even though only one stimulator was on at a given time, many frequen­
cies in a given area were activated in a short period of time which tended 
to blur the perceived tactile pattern. The perceived pattern could 
possibly be sharpened allowing increased perception of phonemes by de­
creasing the number of stimulations received by the tactile sense per 
unit time. This could be done by a 4 to 1 reduction of the speech as 
described by Keidel (1974), who indicated good results doing so with the 
cochlear model tactile hearing aid. However, what is actually needed is a 
real-time frequency shifting of the speech frequencies down to the most 
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sensitive frequency range of the skin. Kiedel reported doing this with a 
computer program. However, such real-time processing could be easily 
accomplished with this device due to its digital nature. The binary input 
to the shift register could be first put through a divide-by-4 stage and 
the shift register slowed down by 4 or the tactile aid could be modified 
so that only every fourth discrete digital frequency that occurred would 
result in a stimulus pulse. It would have to be experimentally determined 
which method would yield the better result. 
The device could also be modified to indicate voicing which should 
help in the discrimination of some consonants. The simplest way of indi­
cating voicing, that would be adequate for at least an experimental 
evaluation of its effectiveness, would be to place a microphone over the 
vocal cords on the neck to detect whether or not they are vibrating. This 
information could then be used to activate a specific "voicing" stimu­
lator. 
Because all the scores were above chance and because some of the 
material tested had similar lip reading patterns, this device, even in its 
present form, would be of some benefit to deaf individuals who could not 
be helped by conventional sound amplifying hearing aids. 
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XI. APPENDIX A: TERMINOLOGY 
This appendix contains an explanation of some terms commonly used in 
the study of human speech. 
A. Intelligibility 
The intelligibility of speech is generally measured by having a group 
of listeners respond to a spoken list of speech units (e.g., nonsense 
syllables, words, or sentences) by writing down what they hear. A percent 
intelligibility for a particular speech unit is obtained by determining 
the number of units correctly perceived out of the total number presented. 
Comparisons of the intelligibility for different speech units have been 
reported (Egan, 1948 and Flanagan, 1965, p. 241). For example, 70% word 
intelligibility corresponds to 90% sentence intelligibility. Licklider 
and Pollack (1948) have reported that there is little trouble understand­
ing conversational speech when word intelligibility scores are as low as 
50%. 
6. Formants 
Basic acoustical physics provides a starting point in the explanation 
of speech formants. A tube having uniform cross sectional area and closed 
at one end will resonate at fundamental frequency whose wavelength is one-
fourth the tube length. The tube will also resonate at odd harmonics of 
this fundamental frequency. 
If the human vocal tract is considered a uniform tube 17 cm long and 
closed at the glottal or vocal cord end, the resonant frequencies for this 
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model are 500 Hz, 1500 Hz, 2500 Hz, etc. (Kaplan, 1971). The vocal tract 
is obviously not a uniform tube nor are its dimensions static, therefore, 
the resonant frequencies are not always uniformly spaced nor are they 
always present. However, the existing resonant frequencies generally tend 
to fall within given frequency ranges, with some overlap. These bands of 
frequencies are called formants and are very evident in speech spectro­
grams (Flanagan, 1965). 
The range of frequencies in the first three formant ranges have been 
determined (Denes and Pinson, 1963) and are 200 to 1200 Hz, 700 to 3500 
Hz, and 1500 to 4500 Hz for the first, second, and third formant ranges 
respectively. 
C. Phonemes 
Phonemes are the smallest units of speech. The phonemes of General 
American English are shown in Table 13. The pronunciations shown repre­
sent the dialect of English spoken in the midwestern and western parts of 
the United States. 
D. Place of Articulation 
The place of articulation refers to the position that the articu­
lators (the tongue, teeth, and lips) take during the enunciation of a 
phoneme. 
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Table 13. Phonemes of General American English (adapted from Denes and 
Pinson, 1963, p. 12) 
Vowel s 
Pure 
ee as in heat 
I as in hit 
e as in head 
ae as in had 
ah as in father 
aw as in call 
U as in put 
00 as in cool 
A as in ton 
uh as in the 
er as in bird 
Diphthongs 
01 as in toil 
au as in shout 
ei as in take 
ou as in tone 
ai as in might 
Consonants 
Stops 
Voiceless 
t as in tee 
p as in pea 
k as in key 
Voiced 
b as in bee 
d as in dawn 
g as in go 
Fricatives 
Nasals 
m as in me 
n as in no 
ng as in sing 
Glides 
y as in you 
w as in we 
Voiceless 
f as in fee 
6 as in thin 
s as in see 
sh as in shell 
h as in he 
Voiced 
V as in view 
th as in then 
z as in zoo 
zh as in garage 
Semi-vowel s 
1 as in law 
r as in red 
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E. Voiced and Unvoiced Phonemes 
If the vocal cords are vibrating during the enunciation of a phoneme 
then the phoneme is considered to be voiced. If the vocal cords are 
stationary during enunciation the phoneme is termed unvoiced. For un­
voiced sounds the excitation of the vocal tract is caused by the noise 
produced when air from the lungs is forced by a constriction in the tract. 
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XII. APPENDIX B: SPEECH PROCESSING CIRCUIT 
The circuit used to amplitude- and time-quantize speech is shown in 
Figure 24. The input signal is first amplified and summed with the 
squelch signal by the summing amplifier, , and then compared with a 0 
volt reference (ground). The signal at the output of the uA710 comparator 
is therefore amplitude-dichotomized. The first flipflop, FF^, time-
quantizes this signal. The three cascaded flipflops, FF^-FF^j are used to 
detect a squelch condition causing the SQ signal to go to its high level 
which is +5 volts (all the logic used is TTL). 
The tri level signal is generated using the summing amplifier, A^. 
The three input signals to this amplifier are X*SQ, SQ, and -2.5 volts. 
The output of this amplifier is used as the input to the audio power 
amplifier shown in Figure 25 and it can also be applied directly to high 
impedance (SOOfl) earphones.^ 
A more detailed explanation of the circuits presented here can be 
found elsewhere (O'Brien, 1974). 
Helex Model 1210 earphones. Telex Acoustic Products, Minneapolis, 
Minnesota. 
Figure 24. Speed processing circuit which amplitude- and time-quantizes speech; 
and are respectively represented by X+i, X and X-i (adapted from O'Brien, 1976). 
SIGNAL 
INPUT ikû 
O 1 
BpF 
lOklî 
H5V 
+ 5V 
O 
1N4731 I Ikw 
4r -15V Jr 
SQUELCH,  ^  l in f l  
OUTPUT 
J FF4O 
7473_ 
—4K CLK 0 
CLOCK 
1N4735 
=p.001wF 
JfF]  Q 
7473_ 
K CLK Q 
#1 
X+, 
J FFpO 
7473 
KCLK Ô 
X;SQ 
loûkn 
lOkfl 
—vxK/— 
+lbV 
=0T 
-2.5V lOOkQ 
O—AA/^— 
100ko lOOkn 
—W' \AA-
SQ = (X.| X X+, ) (X-| X- Xt, ) 
= (x_,  X x+,  i+cx i ;  X XTi  )  
JFF30 
7473 
KCLK?3 
X _ ,  
IM 
lïh 
ïf &ii_ X - ,  X  X  +  i  
JLiS 
SQ 
X _ , ' X  •  X  + 1 
+16V 
2N1304 
+15V Ika 40409 
Input 
liA741 
Speaker 
lOOkO \J^ 
— 40410 1N2404 1N2484 
-15V 
2N1305 2N1305 
2N1305 
-SV 
Figure 25. The power amplifier and speaker section for the trilevel signal. 
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XIII. APPENDIX C: WEIGHTING SCALES FOR SOUND-LEVEL MEASUREMENT 
Figure 26 shows the electrical weighting scales used in the measure­
ment of sound intensity. Of the scales, scale A discrminates the most 
against the lower frequencies. Scale C is the flattest and therefore 
discrminates the least against lower frequencies. Scale A most closely 
corresponds to the frequency response characteristics of the human ear. 
In other words the human ear discriminates against low frequency sounds 
similar to the A weighting scale. The dB (A) scale is the one that the 
Federal Government requires to be used in the Occupational Safety and 
Health Act of 1970 which in part protects industrial workers from danger­
ous noise levels (General Radio, 1972). 
If the dB (C) reading is much higher than the dB (A) reading during 
background noise measurement then there is a large contribution by low 
frequency noise. 
6 AND C 
FREQUENCY RESPONSES 
FOR SLM WEIGHTING CHARACTERISTICS 
-50, ^20 200 50 IOC 
Figure 26. Frequency response characteristics of the three weighting 
scales associated with sound-level measurement (from General 
Radio, 1972). 
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XIV. APPENDIX D: HISTOGRAM GENERATION PROGRAMS 
A brief discussion follows which describes the computer and the pro­
grams used in the generation of histogram data. 
A. The Computer 
A PDP-8e minicomputer^ was used to generate the discrete frequency 
histograms. The machine has a 12-bit word length and has 4k of memory in 
two fields (FO and Fl) for a total of 8k. 
The particular machine used is fitted with many peripheral features 
not found on the basic PDP-8e minicomputer. These include: senses lines 
and switches. Digital-to-Analog (D/A) converters. Analog-to-Digital (A/D) 
converters, relays, and a CRT display. When a sense switch is interro­
gated the next machine language instruction is skipped if the switch is 
"down" and is not skipped if it is "up." The sense line operates in a 
similar fashion except that either a 0 or 5 volt signal is applied to an 
appropriate input of the computer. The D/A and A/D converters are based 
on a word length of 10 bits. The first eight A/0 channels can be asso­
ciated with eight variable resistors and will convert a voltage that 
corresponds to the potentiometer setting. Relays can also be turned on 
and off under program control; front panel lights indicate the operation 
of the relays. There is also a CRT display (256 x 256 points) and a 
clock, which can be used for counting, associated with this particular 
^Digital Equipment Corporation, Maynard, Massachusetts. 
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machine. Table 14 shows the machine language codes associated with these 
features. 
B. HIGHLOW 
Program HIGHLOW (starting address 7600g) was the program used to 
generate the histograms for both the high levels and low levels of the 
quantized speech. The histogram data for the low levels were stored in 
location 0 to 3777g of both memory fields and the data for the high levels 
were stored in locations 4000g t0 7777g0f F1 and in locations 4000g to 
6777g of FO. The most significant 12 bits of the data words were stored 
in FO and the least significant 12 bits were stored in F1 resulting in a 
possible 24-bit word length. 
Each location corresponded to a different number of quantizing 
intervals in a particular high or low level. For example, the number 
stored in location 6- fof both fields) would correspond to the number of O 
occurrences of a low level which had a length of six quantizing intervals. 
The output from the second flipflop of the speech processing circuit, 
shown in Figure 24, was connected to the second sense line (SL2) of the 
computer and the squelch indicator signal, SQ, was connected to the first 
sense line (SLl). 
C. MSB and DIV 
Program MSB (location 7222g) and program DIV (location 7251g) were 
used to retain only the 12 most significant bits of the histogram data, 
which were then stored in the F1 locations. The number of significant 
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Table 14. Mnemonic codes for the BME PDP-8e peripherals 
Sense Lines: SL1=6511, . . . . , SL6=6516 
Sense Switches: SL1=6501, . . . . , SS6=6506 
Enable Relay: ER1=6521, . . . . , ER6=6526 
Disable Relay: DR1=6531, . . . . , DR6=6535 
D/A Conversion: DAI=6541, . . . . , DA4=5544 
A/D Conversion: AD0=656O, . . . . , AD7=6567 
ADl0=6570, . . . . ,AD17=6577 
Clock: 0FS=6130 Overflow skip 
RCS=6131 Reset clock 
CTA=6132 Clock to accumulator 
ATC=6133 Accumulator to clock 
201=6134 Enable overflow interrupt 
D0I=6135 Disable overflow interrupt 
C0N=6136 Clock on 
C0F=6137 Clock off 
Character and Dot ACX=6060 Accum. to X coord. 
Generator: 
ACY=6061 Accum. to Y coord. 
DSC=6062 Display character 
DSD=6053 Display dot 
SID=6064 Skip if displayed 
ERA=6065 Erase scope 
SIE=6066 Skip if erased 
ENS=5067 Enable non-store 
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bits retained was chosen to be 12 because this was the length of the com­
puter word and because this would be more than adequate since the D/A 
converter, used to drive the x-y recorder, is based on only a 10-bit word 
length. 
D. DIS 
Program DIS (location 7310) was used to observe this histogram data. 
If the first sense switch (SSI) was up then the high level histogram data 
was displayed on the CRT screen. If the switch was down then the low 
level data was displayed. Due to the oscilloscope limitations only the 
eight most significant bits of the histogram data were vertically dis­
played. 
E. WRITE ON TAPE 
The histogram data were to be placed on tape for future processing. 
Program WRITE ON TAPE (location 7150g) accomplished this. It wrote the 
first 521iQ words (the histogram data never exceeded this number) of 
either the high or low level histograms (depending upon a switch setting) 
onto magnetic tape. A TRI-DATA 4096 Cartrifile^ tape system was used, and 
the program used the TRI-DATA-8-OlO-U-Bin Cartifile SIO Driver Program 
10505-0, which is a program to read and write blocks of data onto tape. 
All 12 bits of the histogram data words were stored on tape. The 
VRI-DATA, 800 Maude Avenue, Mountain View, California. 
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appropriate identifying code word had to be loaded into the switch-
register of the minicomputer before this particular program was initiated. 
F. ERA 
After the data had been transferred to tape, the locations which 
stored the histogram data needed to be cleared before the next histogram 
data were generated. This was accomplished by program ERA (location 
7200g). 
G. AVER 
A total of 100 histograms (for both high and low levels) were made. 
One was made for each combination of the five speakers, four quantizing 
rates and five prefiltering conditions. These were then reduced to 20 
histograms (for both high and low levels) by averaging each of the 20 
combinations of prefiltering conditions and quantizing rates over the five 
speakers. This was accomplished using program AVER (location 5200g). 
AVER used program BLKFND (location 7120g) which read the stored histograms 
from magnetic tape. 
The resulting histogram data were then stored on magnetic tape using 
subroutine WRITE (location 7745). An appropriate code word was manually 
loaded into location 4000g. The appropriate changes to program WRITE were 
made as noted at the beginning of AVER. 
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H. MCALIB and MMDISXY 
The averaged histograms shown in Figure 6 through 15 were read from 
the magnetic tape using BLKFND, and the x-y recorder was calibrated with 
program MCALIB (location 6600g). The histograms were displayed in 
graphical form using MMDISXY (location 7000g). 
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/ PROGRAM AVER. 
/THIS PROGRAM WILL AVERAGE TOGETHER 
/SEVERAL HISTOGRAMS TO GET A SINGLE 
/HISTOGRAM. START AT 5200. THEN PUT THE 
/CODE OF THE APROPRIATE BLOCK INTO THE 
/SWITCH REGISTER. THE BLOCK WILL BE AVERAGED WITH 
/THE DATA IN 4000 AND UP. A DIVIDE BY A 
/ONLY TAKES PLACE AS NEEDED. 
/ 
/ 
/THE FOLLOWING 
/MUST BE MADE 
/ADDS FROM 
/BLKFND 
/7121 
CHANGES TO OTHER PROGRAMS 
/7132 
4334 
5743 
TO 
7604 
5744 
JMS CODW TO LAS 
OMP I SCOPE TO JMP I AVE0 
/7144 — — — — 5204 ADDRESS OF AVE0 
/DIS 
/7326 621 1 6201 DATA FIELD 1 TO FIELD 0 
/7331 7604 7207 SPACING ON SCOPE DISPLAY 
/7352 7402 5777 HLT TO JMP I AVE 
/7377 — — — — 5200 ADD OF AVE 
/WRITE 
/7750 0060 0200 WRITE TAPE 1 NOT 3&4 
/7752 0000 4000 START ADD 4000 NOT 0000 
/ERA 
/7356 i 000 3000 WILL ERASE UP TO 5000 
/7221 7402 
SS6= 
5777 
6506 
WILL GO TO AVE 
b200 7402 AVE, HLT 
5201 7300 CLA CLL 
5202 7 604 LAS /LOAD ACC WITH SWITCH 
5203 5755 JMP I BLKFND 
5204 4320 AVE0, JMS INITL 
5205 4340 AVE!, JMS INCRMT 
5206 2354 ISZ TMPCNT 
5207 521 1 JMP AVE2 
5210 5232 JMP AVE3 /EXIT--DONE 
521 1 7300 AVE2, CLA CLL 
5212 1750 TAD I ADDR 
5213 1752 TAD I ADDPLS 
5214 7420 SNL /CHECK LINK 
5215 5205 JMP AVEl /N0 OVERFLOW 
5216 4320 AVE4, JMS INITL /OVERFLOW--ADD 
REG. 
/NEW DATA AND ROTATE ALL 
5217 4340 AVE8, JMS INCRKT 
Ill 
5220 2354 ISZ TMPCNT 
5221 5223 JMP AUE7 
5222 5243 JMP AVE6 
5223 7300 AVE7, CLA CLL 
5224 1750 TAD I ADDR 
5225 1752 TAD I ADDPLS 
5226 7010 RAH 
5227 3752 DCA I ADDPLS 
5230 7100 CLL 
5231 5217 JMP AVE8 
5232 4320 AVE3, JMS INITL 
5233 4340 AVE9, JMS INCRMT 
5234 2354 ISZ TMPCNT 
5235 5237 JMP AVE5 
5236 5243 JMP AVE6 
5237 1750 AVE 5 J TAD I ADDR 
5240 1752 TAD I ADDPLS 
5241 3752 DCA I ADDPLS 
5242 5233 JMP AVE 9 
5243 5756 AVE6, JMP I DISPLY 
*5320 
5320 0000 INITL, 0000 
5321 7300 CLA CLL 
5322 1347 TAD ZERO 
5323 3350 DCA ADDR 
5324 1351 TAD UPADD 
5325 3352 DCA ADDPLS 
5326 1353 TAD CNTER 
5327 3354 DCA TMPCNT 
5330 5720 JMP I INITL 
/EXIT—DONE 
5340 0000 INCHMTJ 
5341 7300 
5342 2350 
5343 5344 
5344 2352 
5345 5346 
5346 5740 
*5340 
0000 
CLA CLL 
ISZ ADDR 
JMP .+1 
ISZ ADDPLS 
JMP .+1 
JMP I INCRMT 
/ 
/ 
/NO OVERFLGW--ADD NEW 
/AND OLD DATA--NO DIVIDE* 
/EXIT—DONE 
/NOT DONE WITH DATA 
/NO ROTATION 
/GO TO SCOPE DISPLAY 
/MAKE SURE SSI IS UP 
/SO THAT UPPER HALF OF 
/MEMORY FIELD 0 IS DISPLAYED 
/DISPLY WILL COKE 
/BACK TO AVE. 
/INITIALIZES ADDRESSES 
/ 
/ 
/ 
/INCREMENTS ADDRESSES 
/WILL NEVER GET TO ZERO 
/JUST IN CASE 
/AS ABOVE 
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/ 
/ 
/ADDRESSES AND CONSTANTS 
5347 0000 ZEhO, 0000 
5350 0000 ADDR, 0000 
5351 4000 UPADD, 4000 
5352 0000 ADDPLS, 0000 
5353 7000 CNTER, - 1000 
5354 0000 TMPCNT, 0000 
5355 7120 BLKFND, 7120 
5356 731 0 DISPLY, 7310 
5357 7745 WhITE, 7745 
5360 7200 ERA, 7200 
ADDPLS 5352 
AVEl 5205 
AVE5 5237 
AUE9 5233 
EhA 53 60 
TMPCNT 5354 
ADDH 5350 
AVEZ 5211 
AVE6 5243 
BLKFND 5355 
INCHKT 5340 
UPADD 5351 
AVE 5200 
AVE3 5232 
AVE? 5823 
CNTEh 5353 
INITL 5320 
WHITE 5357 
AVEP 52R4 
AVE4 5216 
AVE8 5217 
DISPLY 5356 
SS6 65P6 
ZERO 5347 
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6600 
6601 
6602 
6603 
6604 
6605 
6606 
6607 
6610 
661 1 
6612 
6613 
6614 
6615 
6616 
661? 
6620 
6521 
/ PROGRAM CALIBRATION 
/ THIS PROGRAM WILL GIVE 3 CORNERS OF 
/ THE GRAPH. THE MAX Y VALUE IS CHOSEN 
/ TO BE THE MAXIMUM OF THE DATA IN 
/ FIELD 0 LOCATIONS 0000-0777. 
DA1=6541 
DA2=6542 
*6600 
7300 CLA CLL 
6541 DAI 
6542 DA2 
7402 HLT 
1274 TAD ENDPT 
654 i 
7402 
7300 
6541 
7402 
7300 
1270 
3271 
1267 
3272 
1270 
7001 
3273 
DAI 
HLT 
CLA CLL 
DAI 
HLT 
CLA CLL 
TAD ZERO 
DCA MAXN 
TAD CNT 
DCA CNTl 
TAD ZERO 
lAC 
DCA ADD 
/250 BASE 10 
/GIVES 5.0 MSEC 
/HORIZONTAL AXIS 
/THIS WILL BE STORAGE 
/LOCATION FOR THE 
/MAXIMUM VLLUE OF 
/THE DATA POINTS 
/ADD IS INITIALLY=0001 
/ADD IS LOCATION POINTER 
6622 7300 MAXl, CLA CLL 
6623 1673 TAD I ALD 
66P4 7500 SMA 
6625 5240 JMP MAX4 /POSITIVE 
6626 5227 JMP MAX2 /NEGATIVE 
6627 7 300 MAXS» A t 
6630 1271 TAD MAXN 
6631 7500 SMA 
6632 5234 JMP MAX3 /POS-HAVE 
6633 5245 JMP MAXSUB /NEG-HAVE 
6634 7300 MAX3, CLA CLL 
6635 1673 TAD I ADD 
6636 3271 DCA MAXN 
6637 5256 JMP LAST . 
6640 7300 MAX4, CLA CLL 
6641 1271 TAD MAXN 
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66^2 75Hd SMA 
664 3 5P45 JMP MAXhUH /POS-POS NUM. 
6644 5256 JMP LAST /HAVE POS-%EG--YAV% IG YAY 
6 645 73rc KAXSUs, CLA CLL 
6646 1 673 TAD I ADD 
6647 7^4 1 CIA 
665;; 127 1 TAD MAXN 
6651 7 50 0 SKA 
6652 3,256 JX:P LAST /POS — XAX.xl IS MAX 
6653 73^0 CLA CLL /KUX.IN LOC.ADD IS LAhGEh 
6654 1673 TAD I ADD 
6655 327 1 DCA &AXN 
6656 2273 LAbl, ISZ ADD /WILL NEVEh GO OVEh 
6657 526P JKP .+1 
6660 2272 ISS CNTl 
666 1 5222 JMP KAXl 
666? 7300 CLA CLL /MAX TO Y COORDINATE 
6663 1271 TAD M4XN 
6664 7012 H TIT  /IP MOST SI G PITS IN ACC 
666b 6542 DA2 
6666 74^2 HLT 
6667 7^:0 CNT, -1000 /CONSTANT 
6670 Pw.-G &EAO, PiCiCiO /CONSTANT 
6671 KAXK, 0B0P /VAhlAPLK 
6672 CMP CNTl, /UAhlAPLE 
6673 rrno ADD, POGO /VARIABLE 
6674 ^378 ENDPT, 372 /250 PASS 10 
6675 7000 XYDIS, 7M00 
ADD 6673 
DAS 6542 
MAXSUH 6645 
KAX4 6640 
CXT 6667 
ENDPT 6674 
i»jAXi 6622 
XYDIS 6675 
CMTl 667P 
LAST 6656 
XAX2 6697 
ZERO 6670 
DAI 654 1 
MAXN 66 71 
MAX3 6634 
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551=6501 
ADl=656l 
AD2=6562 
AD3=6563 
AD4=6564 
DA1=6541 
DA2=6542 
ERl=652l 
DR1=6531 
*7000 
/PROGRAM MMDISXY: 
/THIS PROGRAM WILL DISPLAY A 
1024 DURATIONS 
SSI MUST BE 
HIGH DATA SSI 
/HISTOGRAM OF 
/FOR LOW DATA 
/DOWN AND FOR 
/MUST BE UP. 
/THE X-Y RECORDER IS USED. 
7000 6201 DIS, 6201 /CHANGE TO DATA 
7001 7300 CLA CLL 
7002 1366 TAD ZERO 
7003 3373 DCA STR 
7004 6501 SSI 
7005 5218 JMP DISl /SWITCH IS UP 
7006 1366 TAD ZERO /SWITCH IS DOWN 
7007 7001 I AC /START IS 0001 
7010 3242 DCA START 
7011 5215 JMP DIS2 
7012 1365 DISl; TAD FOURK 
7013 7001 lAC /START IS 4001 
7014 3242 DCA START 
7015 7300 DIS2, CLA CLL 
7016 7000 NOP /CHANGE TO 6211 
/IS IN FIELD 1 
7017 1371 TAD CNTDXY 
7020 3243 DCA COUNT 
7021 7604 DIS3, LAS /LOAD ACC WITH 
/SWITCH REG IS 
7022 
7023 
7024 
7025 
1373 
6541 
3373 
1642 
TAD STR 
DAI 
DCA STR 
TAD I START 
FIELD 0 
IF DATA 
SWITCH REG 
0001 FOR 
/A 50K CLK; IS «002 Î-OR 
/A 25K CLK; IS 0003 FOR 
/FOR A 16.67K CLK; IS 
/0004 FOR A 12.5K CLK; 
/IS 0005 FOR A 10.0K CLK 
/IS 0006 FOR A 
/IS 0008 FOR A 
8.3K CLK; 
6.25K CLK 
/THIS IS THE X COORDINATE 
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7026 7012 
7027 0372 
7030 424& 
7031 7440 
7032 
7033 
7034 
7035 
7036 
7037 
7040 
7041 
4261 
7300 
2242 
5236 
2243 
5221 
6201 
7402 
7042 0000 START, 
7043 0000 COUNT, 
7044 0700 CNT0P, 
7045 0000 DIS4, 
7046 6548 
7047 3374 
7050 6561 
7051 
7052 
7053 
7054 
7055 
7056 
7057 
7060 
7061 
7062 
7063 
7064 
7065 
7066 
7067 
7070 
7071 
7072 
7073 
7074 
7075 
7076 
3375 
3376 
2376 
5253 
2375 
5253 
1374 
5645 
0000 
6521 
1374 
6562 
3375 
3376 
2376 
5267 
2375 
5267 
1374 
1364 
6542 
3374 
DISS, 
RTR 
AND DXYMSK 
JMS DIS4 
SZA 
JMS DISS 
CLA CLL 
ISZ START 
JMP .+1 
ISZ COUNT 
JMP DIS3 
6201 
HLT 
0000 
0000 
-7100 
0000 
DA2 
DCA TEMP 
ADl 
DCA 
DCA 
I S Z  
JMP 
ISZ 
JMP 
TAD 
JMP 
0000 
ERl 
TAD 
AD2 
DCA 
DCA 
ISZ 
JMP 
ISZ 
JMP 
TAD 
TAD 
DA2 
DCA 
FIRST 
SECOND 
SECOND 
. - 1  
FIRST 
.-3 
TEMP 
I DIS4 
TEMP 
FIRST 
SECOND 
SECOND 
• -1 
FIRST 
.-3 
TEMP 
NEGl 
TEMP 
/PUTS THE 10 MOST 
/SIGNIFICANT BITS 
/IN THE ACC. 
/SUB FOR Y COOR 
/SO THAT THE LOWS 
/WILL NOT CAUSE A DOT 
/IF WANT A DOT FOR 
/0 COUNTS--NOP 7000 
/SUB TO PUT A DOT ON GRAPH 
/CHANGE TO DATA FIELD 0 
/ADDRESSES AND CONSTANTS 
/SAMPLE POTl FOR DELAY 
/SET = 8.1 SET SW UP 
/THE LARGER THE NUMBER 
/THE SHORTER THE DELAY 
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7077 6563 
7100 
7101 
7102 
7103 
7104 
7105 
7106 
7107 
7110 
7111 
7112 
7113 
7114 
7115 
7116 
3376 
2376 
5301 
1374 
7440 
5274 
6531 
6564 
3375 
3376 
2376 
5312 
2375 
5312 
5661 
7120 
7121 
*7120 
7300 
4334 
AD3 
DCA 
ISZ 
JMP 
TAD 
S2A 
JMP 
Dhl 
AD4 
DCA 
DCA 
ISZ 
JMP 
ISZ 
JMP 
JMP 
/SAMPLE POT 3 FOR DELAY 
/SET = 2.0 
SECOND 
SECOND 
• -1 
TEMP 
.-9 
FIRST 
SECOND 
SECOND 
• -1 
FIRST 
.-3 
I DIS5 
CLA CLL 
JMS CODW 
/SAMPLE POT 4 FOR DELAY 
/SET = 9.1 
/IS ZERO INITIALLY 
/PROGRAM BLKFND 
/THIS PROGRAM WILL FIND ANY 
/BLOCK ON TAPE 3 AS 
/IDENTIFIED 
/BY ITS CODE WORD. THE CODE 
/WORDS ARE SEQUENTIALLY 
/LOCATED ON THE 6000 PAGE 
/GET CODE WORD 
/CAN USE SWITCH REGISTER 
7122 
7123 
7124 
7125 
7126 
7127 
7130 
7131 
•71  TO 
3362 
4733 
7300 
1766 
7041 
1362 
7440 
5323 
7133 7756 READ, 
7134 0000 CODW, 
7135 
7136 
7137 
7140 
7141 
7142 
1342 
7001 
3342 
1742 
5734 
5777 ADCOJ 
DCA CODE 
JMS I READ 
CLA CLL 
TAD I ZERO 
CIA 
TAD CODE 
SZA 
JMP .-6 
JMP I SCOPE 
7756 
0000 
TAD ADCO 
lAC 
DCA ADCO 
TAD I ADCO 
JMP I CODW 
5777 
/HAVE NOT FOUND RIGHT BLK 
/RIGHT BLK --FOUND 
/EXIT 
/SUBROUTINE TO GET THE 
/NEXT BLOCK NUMBER 
/INCREMENT ACC 
/STARTING ADD MINUS ONE 
7143 7310 SCOPE, 7310 
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• 7150 
/ PhOGhAM WHITE ON TAPE 
/ THIS PROGRAM WILL WRITE THE FIRST 
/ 512 WORDS OF EITHER THE 1ST 
/ Oh 2ND HALF OF FIELD ONE MEMORY 
/ ONTO TAPE 3 AND 4 . SENSE SWITCH 
/ 1 MUST BE PLACED DOWN FOR LOWER HALF AND 
/ UP FOR THE UPPER HALF OF MEMORY. 
/ THE APPROPRIATE CODE WORD FOR THE 
/ BLOCK MUST BE SET ON THE SWITCH REG. 
/ 
/LOAD ACC WITH SW REG 
/// SSI MUST BE SET!! ! 
7150 7300 CLA CLL 
7151 7604 LAS 
7152 3362 DCA CODE 
7153 4761 JMS I DMV 
7154 7300 CLA CLL 
7155 1362 TAD CODE 
7156 3766 DCA I ZERO 
7157 4763 JMS I WRITE 
7160 7402 HLT 
7161 7700 DMV, 7700 
7162 0000 CODE, 0000 
7163 77 45 WRITE, 7745 
7164 7777 NEGL, 7777 
7165 4000 FOURK, 4000 
7166 0000 ZERO, 0000 
7167 4700 CNT4P, -3100 
7170 0000 MASK. 0000 
7171 6754 CNTDXY, -1024 
7172 1777 DXYMSK, 1777 
7173 0000 STR, 0000 
7174 0000 TEMP, 0000 
7175 0000 FIRST, 0000 
7176 0000 SECOND, 0000 
/DATA MOVE 
ADCO 7142 ADL 6561 AD2 6562 AD3 6563 
AD4 6564 CNTDXY 7171 CNT0P 7044 CNT4P 7167 
CODE 7162 CODW 7134 COUNT 7043 DAI 6541 
DA2 6542 DIS 7000 DISL 7012 DIS2 7015 
DIS3 7021 DIS4 7045 DIS5 7061 DMV 7161 
DRL 6531 DXYMSK 7172 ERL 6521 FIRST 7175 
FOURK 7165 MASK 7170 NEGL 7164 READ 7133 
SCOPE 7143 SECOND 7176 SSI 6501 START 7042 
STR 7173 TEMP 7174 WRITE 7163 ZERO 7166 
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7200 
7201 
7202 
7203 
7204 
7205 
7206 
7207 
7210 
721 1 
7212 
7213 
7214 
7215 
7216 
7217 
7220 
7221 
OF FIELD I 
FIELD 0 
/CHANGE DATA FIELD TO 1 
7222 
7223 
7224 
7225 
7226 
7227 
7230 
7231 
7232 
7233 
7234 
7235 
SS1=6501 
ACX=60ô0 
ACY=6061 
DSD=6063 
/ PHOGHAM EKA: 
/ THIS PhOGRAM ERASES ALL 
/ AND LOC 0000 TO 6777 IN 
*7200 
6211  6211  
7300 CLA CLL 
3355 DCA COUNT 
3354 DCA STAHT 
3754 DCA I STAHT 
2354 IS2 START 
5207 JMP .+1 
2355 ISZ COUNT 
5204 JMP .-4 
6201 6201 
1356 TAD CNT0P 
3355 DCA COUNT 
3754 DCA I START 
2354 ISZ START /START WAS INITIALLY AT 0 
5217 JMP .+1 
2355 ISZ COUNT 
5214 JMP .-4 
7402 HLT 
*7222 
/ PROGRAM MSB; 
/ THIS IS A SEARCH FOR THE MOST 
/ SIGNIFICANT BIT IN ALL OF FIELD 0 
/ THIS INCLUDES BOTH UPPER AND LOWER SECTIONS* 
/CHANGE TO DATA FIELD 0 
6201 
7300 
7120 
701 0 
3362 
1356 
3355 
1360 
3354 
7300 
1754 
0362 
7236 
7237 
7240 
7440 
5251 
2354 
6201 
CLA 
STL 
RAH 
DCA MASK 
MSB, TAD CNT0P 
DCA COUNT 
TAD ZERO 
DCA START 
MSB1> CLA CLL 
TAD I START 
AND MASK 
SZA 
JMP DIVl 
ISZ START 
/CHANGE TO DATA FIELD P 
/SET THE LINK EQUAL TO I 
/MASK = 4000 
/MASK WILL HAVE A ONE IN THE 
/POSITION BEING CHECKED FOR 
/MOST SIG BIT 
/SKIP ON ZERO ACC 
/GO TO DIVIDE ROUTINE—EXIT 
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7241 5242 JMP 
7242 2355 Ï S Z  
7243 5233 JMP 
7244 7300 CLA 
7245 1362 TAD 
7246 7010 RAR 
7247 3362 DCA 
7250 5227 JMP 
*7251 
/PROGRAM DIV 
/SHIFT RIGHT 
/OF THE 1 IN 
/12 SIG BITS 
. + 1 
COUNT 
MSBl /NOT = 0 
CLL 
MASK 
MASK 
MSB 
THIS GIVES A VARIABLE 
(DEPENDING ON THE LOCATION 
MASK) SUCH THAT THERE ARE ONLY 
FOR EACH DURATION. 
7251 
7252 
7253 
7254 
7255 
7256 
7257 
7260 
7261 
7262 
7263 
7264 
7265 
7266 
7267 
7270 
7271 
7272 
7273 
7274 
7275 
7276 
7277 
7300 
730 i 
7302 
7303 
7304 
7300 
1362 
3365 
7300 
1360 
3354 
1356 
3355 
7300 
1754 
7010 
3754 
621 1 
1754 
7010 
3754 
6201 
2354 
5274 
2355 
5261 
7300 
1365 
7010 
7450 
7402 
3365 
5254 
/AND THESE ARE LEFT 
DIVl, CLA CLL 
TAD 
DCA 
DIV, CLA 
TAD 
DCA 
TAD 
DCA 
DIV2, CLA 
TAD 
RAR 
DCA 
6211 
TAD I 
RAR 
DCA I 
IN FIELD 1. 
MASK 
TEMMSK 
CLL 
ZERO 
START 
CNT0P 
COUNT 
CLL 
I START 
I START 
START 
ISZ 
JMP 
ISZ 
JMP 
CLA 
TAD 
RAR 
SNA 
HLT 
DCA 
JMP 
START 
START 
. + 1 
COUNT 
DIV2 
CLL 
TEMMSK 
TEMMSK 
DIV 
/MOST SIG 12 BITS OF WORD 
/CHANGE TO DATA FIELD 1 
/LEAST SIG 12 BITS 
/W0RDC12-n TO WORD (11-0) 
/CHANGE BACK TO DATA FIELD 0 
/WORK ON SAME BIT OF 
/ALL WORDS 
/SKIP ON 
/ACC = 0 
NON ZERP ACC 
/CONT ON WITH THE NEXT BIT 
*7310 
/ 
/ 
PROGRAM DIS: 
THIS PROGRAM WILL DISPLAY A HISTOGRAM OF 
/ 256 DURATIONS. FOR LOW DATA SSI MUST 
/ MUST BE DOWN, AND FOR HIGH DATA SSI MUST 
/ UP. TO DISPLAY THE NEXT CONSECUTIVE 
/ 256 PTS. JUST PUSH CONT. ERASE SCOPE AS 
BE 
NEEDED 
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7310 
731 I 
7312 
7313 
7314 
7315 
7316 
7317 
7320 
7321 
7322 
7323 
7324 
7325 
7326 
7327 
7330 
7331 
7332 
7333 
7334 
7335 
7336 
7337 
7340 
7341 
6201 
7300 
6501 
5321 
1360 
3354 
1360 
3366 
5325 
1357 
3354 
1357 
3366 
7300 
621 1 
1363 
3355 
7604 
1366 
6060 
3366 
1754 
7012 
7012 
6061 
0364 
DISJ 
7342 7440 
7343 
7344 
7345 
7346 
7347 
7350 
7351 
7352 
7354 
7355 
7356 
7357 
7360 
7361 
7362 
7363 
7364 
DIS1> 
DISS; 
DIS3i 
«DWOO 
7300 
2354 
5347 
2355 
5331 
6201 
7402 
0000 
0000 
1000 
4000 
0000 
5000 
0000 
7400 
0377 
START, 
COUNT, 
CNT0P, 
FOURK, 
ZERO, 
CNT4P, 
MASK, 
CNTDIS, 
DISMSK, 
6201 
CLA CLL 
SSI 
JMP DISl 
TAD ZERO 
DCA START 
TAD ZERO 
DCA STR 
JMP DIS2 
TAD FOURK 
DCA START 
TAD FOURK 
DCA STR 
CLA CLL 
621 1 
TAD CNTDIS 
DCA COUNT 
LAS 
TAD STR 
ACX 
DCA STR 
TAD I START 
RTR 
RTR 
ACY 
AND DISMSK 
SZA 
DSD 
CLA CLL 
ISZ START 
JMP .+1 
ISZ COUNT 
JMP DIS3 
6201 
HLT 
JMP DIS2 
0000 
0000 
-7000 
4000 
0000 
-3000 
0000 
-400 
0377 
/CHANGE TO DATA FIELD 0 
/SWITCH 
/SWITCH 
IS 
IS 
UP 
DOWN 
/CHANGE TO DATA FIELD 1 
/LOAD ACC WITH SWITCH 
/REGISTER 
/ACC TO X REG 
/PUTS THE 8 MOST SIG 
/BITS IN THE ACC 
/ACC TO Y REG 
/SO THAT LOWS WILL NOT 
/CAUSE A DOT 
/IF WANT A DOT FOR 0 
/COUNTS NOP = 7000 
/DISPLAY A DOT 
/CHANGE TO DATA FIELD 0 
/PUSH CONT TO DISPLAY 
/NEXT 256 POINTS. 
/ADDRESSES AND CONSTANTS 
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7365 0000 TEMMSX, 0000 
7366 0000 STR, 0000 
ACX 6060 
CNT4P 7361 
DISl 73?1 
DIVl 7251 
MASK 7368 
STAhT 7354 
ACY 6061 
COUNT 7355 
DIS2 7325 
DIV2 7261 
MSB 7227 
S T h  7366 
CNTDIS 7363 
DIS 7310 
DIS3 7331 
DSD 6063 
KSBl 7233 
TEMMSK 7365 
CNT0P 7356 
DISMSK 7364 
DIV 7254 
FOURK 7357 
SSI 6501 
ZERO 7360 
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OFS=6130 
RSC=6131 
CTA=6132 
C0N=6136 
SLl=6511 
SL2=6512 
Ek2=6522 
551=6501 
*7600 
/PROGRAM HIGHLOW 
/GENERATES THE HIGH AND LOW HISTOGRAM DATA 
/MOST 5IG BITS IN FIELD 0 LEAST SIG 
/BITS OF THE TOTAL 24 BIT WORDS ARE 
/IN FIELD 1. 
7600 
7601 
7602 
7603 
7604 
7605 
7606 
7607 
7610 
7611 
7612 
7613 
7614 
7615 
7616 
7617 
7620 
7621 
7622 
7623 
7624 
7625 
7626 
7627 
7630 
7631 
7 632 
7633 
7634 
7635 
7636 
621 1 
7300 
651 1 
5202 
6512 
5223 
6131 
6136 
6512 
5215 
651 1 
5215 
5210 
6132 
3371 
2771 
5202 
4236 
5202 
6131 
6136 
6512 
5225 
6132 
1370 
3371 
2771 
5202 
4236 
5202 
0000 
HILO, 
621 1  
CLA CLL 
SLl 
JMP 
SL2 
JMP 
RSC 
- 1 -
HILOl 
CON 
SL2 
JMP 
SLl 
HIL02 
HIL02, 
HILOl, 
INCRE, 
JMP HIL02 
JMP .-4 
CTA 
DCA STORE 
ISZ I STORE 
\jMP KILO 
JMS INCRE 
JMP HILO 
RSC 
CON 
SL2 
JMP .-1 
CTA 
TAD BIAS 
DCA STORE 
ISZ I STORE 
JMP HILO 
JMS INCRE 
JMP HILO 
0000 
/CHANGE TO DATA FIELD 1 
/CHECK SO LINE 
/SLl IS 
/SL2 IS 
/SL2 IS 
/ - SET 
DOWN 
UP 
DOWN -
CLOCK 
LOW SIGNAL 
/UP - HAS BBEN CHANGE 
/SL2 IS DOWN BUT CHECK 
/SLl tOR A CHANGE 
/HAVE CHANGE FROM LOW TO 
/NO CHANGE - CHECH AGAIN 
/CLOCK TO ACC 
SO 
/HAVE A HIGH SIGNAL-
/-SET CLOCK 
/UP - NO CHANGE 
/DOWN - CHANGE HAS OCCURED 
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7637 6201 
7640 P771 
7641 5243 
7642 7432 
7643 6201 
i im  
7701 
7702 
7703 
7704 
7705 
7706 
7707 
77 10 
771 1 
7712 
7713 
7714 
7715 
7716 
7717 
7720 
7721 
7722 
7723 
7724 
7725 
7726 
7727 
7 730 
7731 
7732 
7733 
7734 
7735 
7736 
6201  
ISZ 
JMP 
UI T 
I STOhE 
. + 2  
/DATA hlELD 0 
/HAVE AM OVEhLOW fhOK 
/THE DOUBLE LENGTH 
/VOhD - STOP THE 
/PhOGhAK 
/CHANGE TO DATA FIELT; 1 6201 
*7700 
/PhOGhAK DMV: DATA MOVE 
/THIS PhOGhAM WILL MOVE 0-4K HELD 1 
/TO 0-4K FIELD 0 IF SSI IS DOWN AND 
/WILL MOVE 4K-«K FIELD 1 TO 0-4K 
/FIELD 0 IF SSI IS Up. 
/SSI MUST BE SET HY HAND. 
0000 
7300 
1373 
3374 
6501 
5321 
1372 
3375 
621 1  
1775 
6201 
3775 
2375 
5316 
2374 
5310 
5700 
1373 
3375 
1372 
3376 
621 1 
1775 
6201 
3776 
2375 
5333 
2376 
2374 
5325 
5700 
DKV; 0000 
CLA CLL 
FOUhK 
COUNT 
DMV2J 
DMV1, 
DHV3, 
TAD 
DCA 
SSI 
J«P 
TAD 
DCA 
621 1 
TAD 
6201 
DCA 
ISZ 
JKP 
ISZ 
oMF 
JMP 
TAD 
DCA 
TAD 
DCA 
621 1  
TAD I 
6201  
DCA I STh 
ISZ START 
JMP .+1 
ISZ STh 
ISZ COUNT 
JKP DMV3 
JKP I DKV 
/SENSE SWITC:- 1 
DKVl 
ZEHO 
STAhT 
I STAhT 
I STAhT 
STAhT 
. + 1 
COUNT 
DKV2 
I DKV 
FOUHK 
STAhT 
ZEhO 
STh 
STAhT 
/SWITCH 
/SWITCH 
î'r-
DOWN 
/CHANGE TO DATA FIELD 1 
/CHANGE TO DATA FIELD 0 
/DATA FIELD 1 
/DATA FIELD 0 
/EXIT 
/SUBhOUTINES TO MOVE DATA TO AND FhOK TAPE 
/A LOAD PT SEAKCH CAN BE DONE 
/IKCBASE 8) WOhDS-STAhTING FhOM ADDRESS 
/0000 F0 - TO TAPE 
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/READ IK WORDS FROM 
/IN CONSECUTIVE LOCS 
/ADDRESS 0000 FIELD 
7740 
7741 
7742 
7300 
4767 
0002 
*7740 
LPS, 
7743 7402 
7745 
7746 
7747 
7750 
7751 
7752 
7753 
7756 
7757 
7760 
7761 
7762 
7763 
0000 
7300 
4767 
0060 
1000 
0000 
5745 
0000 
7300 
4767 
1000 
1000 
0000 
*7745 
WRITE, 
• 7756 
CLA CLL 
JMS I CFIO 
0002 
HLT 
0000 
CLA CLL 
JMS I CFIO 
0060 
1000 
0000 
JMP I WHITE 
READ, 0000 
CLA CLL 
JMS I CFIO 
1000 
1000 
0000 
77 64 7430 SZL 
7765 6522 EH2 
7766 5756 JMP I REA 
7767 7406 CFIO, 7406 
7770 4000 BIAS, 4000 
7771 0000 STORE, 0000 
7772 0000 ZERO, 0000 
7773 4000 FOURK, 4000 
7774 0000 COUNT, 0000 
7775 0000 START, 0000 
7776 0000 STR, 0000 
TAPE AND PUT THEM 
STARTING WITH 
0 
//// LOAD POINT SEARCH 
/THIS IS FOR TAPE 3: 
/FOR TAPE 4 
/THIS SHOULD BE 0001 
///WRITE ON TAPE 3 AND 4 
/TAPE 4 WOULD BE 0020 
/THIS IS NO. OF WORDS 
/THIS IS START ADDRESS 
///// READ TAPE 3 
/REFERS TO TAPE 3 
/TAPE 4 = 0400 
/NUMBER OF WORDS 
/START AT LOC 0000 
/SKIP ON ZERO LINK 
/ENABLE RELAY-wKICK TURNS 
/THE LIGHT ON 
/THIS MEANS THERE HAS BEEN 
/A READ ERROR 
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BIAS 7770 
CTA 6132 
DKV3 7725 
HILOl 7623 
OKS 613M 
SL2 6512 
5Th 7776 
Cf 10 7767 
DMV 7700 
Eh2 6522 
hILG2 7615 
nEAD 7756 
SSI 6501 
wKITE 7745 
COM 6136 
DMV1 7721 
FOURK 7773 
INCHE 7636 
HSC 6131 
STAkT 7775 
ZEhO 7772 
COUNT 7774 
DMV 2 771P 
HILO 7602 
LPS 774r 
SLl 651 1 
STOHE 7771 
127 
XV. APPENDIX E: 
FREQUENCY-TO-DISTANCE MAPPING CIRCUIT AND LED DISPLAY CIRCUITS 
This appendix will be concerned only with correlating the block dia­
grams of the frequency-to-distance mapping and LED display circuits pre­
sented in the text. Chapter IV, Section A, with the circuit elements used 
for their implementation. The detailed circuits are shown in Figures 27-
29. All logic elements are TTL. Each integrated circuit package is 
labeled using two letters: the first a capital and the second a lower 
case. Unless otherwise stated all references will be to Figure 27. 
Integrated circuit packages Ab, Ad, Ae, Ag, and 1/2 of Ai constitute 
the timing section. A square wave from an external source is the input to 
Abl. Ab2 is then considered to be MC. MC is available at both Ab4 and 
Ab8 because of "fanout" considerations. After the appropriate number of 
MC periods (65), which are counted by the circuit made up of Ad and Ae, 
BCg is generated with the Ag monostable. BCg then generates BC|^ using the 
delay flipflop (Ai) and also clears the counters (Ad and Ae). 
Be through Bj along with 1/2 of Ai form the 65-bit shift register. 
The four NAND gates in Ba are used as the input control for this shift 
register. Bal2 is the input to the shift register and is connected to the 
uA710 comparator shown in Figure 24, 
The CSp and CSj^ signals are generated with the exclusive OR gates 
contained in B1. These signals then generate the SQ signal. The counters 
Ck and CI are used to count the number of quantizing intervals in the high 
and low levels. The six output lines from the counter are labeled as 
C^-Cg. Cg is the COUNT-UP FF which is used in the control of the counter. 
Figure 27. Frequency-to-distance mapping circuit. 
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Figure 28. Decoding circuit. 
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Figure 29. LED display circuit (LED's are Hewlett-Packard type 5082-
4850); monostables to generate Pgnc and P^rp; and a test 
circuit for the device. 
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The D flipflops Da, Db, and Dc are used to store and delay the number 
counted by Ck and CI. This number is then represented by DC,-DCg. 
An eight input NAND gate (Cd) is used to detect when the counter 
formed by Ck and CI is zero and another eight input NAND gate (Ce) is used 
for the high-pass filter logic. 
The D flipflops Cn and Co are used as the delay elements for 
^PRESENT' DSAT and DSQ are obtained for the Q outputs of 
these flipflops. The Do NAND gates are used to generate the new control 
signals for the tri level signal generator (shown in Figure 24 as ampli­
fier Ag). D[XQ-SAT«SQ3 is used in place of the X*SQ input and D[SAT+SQ] 
is used in place of the SQ input. 
The first four lines of the level counter DC-j-DC^ are decoded with 
the 4-line to 16-line decoder (Dg). The rest of the decoding (for 32 
quantizing intervals in either the high or low levels) is accomplished 
with the NAND gates shown in Figure 28. Ea8-Ep8 and Ea5-Ep6 are used to 
activate the LED display. Only 31 lines, Eb8-Ep8 and Ea5-Ep6, are used 
the gate signals to activate the electrode array because the squelch con­
dition indicated by Ea8 need not be displayed by the tactile array. 
In Figure 29 the NOR gates in Fc-Ff and Fm-Fp, the inverters Fg-Fi, 
and the LED's form the circuit for the LED display. The display indicates 
high levels which are from 1 to 32 quantizing intervals in length. The 
display can be operated in two modes. First, if the switch shown in 
Figure 29 connected to the inputs of the NOR gates is connected to ground, 
then the LED's are on for the full time length of the corresponding high 
level. Second, if the switch is connected to Dd3, then each LED is on 
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only for the duration of the monostable (Fa) pulse. The second mode 
simulates the tactile display because each electrode in the tactile array 
receives only a single biphasic current pair each time it is activated. 
Also shown in Figure 29 are the three monostables (An, Bo, and Ap) 
used to generate the Ppgg and pulses for the constant current 
stimulators. 
Figure 29 also includes an eight input NAND gate (An) which has six 
switches connected to its inputs. This circuit is to generate test sig­
nals to check the operation of the total device. By setting the switches, 
high or low levels can be generated consisting of any desired number of 
quantizing intervals. If high levels are to be tested, the Am8 is con­
nected to the input of the shift register (Bal2). If low lines are to be 
tested, the Bnll is connected to the input of the shift register. 
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XVI. APPENDIX F: BIPHASIC CONSTANT CURRENT STIMULATOR CIRCUIT 
The biphasic constant current stimulator circuit used in this re­
search is a circuit used provisionally at the Smith-Kettlewell Institute 
of Visual Sciences.^ 
As discussed in the text, the three inputs to the stimulator circuit 
are Ppgg and which go to all stimulators, and GATE, which is spe­
cific for each stimulator. Each input is normally high at 5 volts and 
when "on" goes low to 0 volts. 
When both the GATE input and Pp^g are "on" the following circuit 
action results in the skin being stimulated with a positive current pulse 
via the electrode. T1 and T2 become saturated; therefore, approximately 
+Vg is applied to the bases of T4 and T5 turning these transistors on. 
The stimulating current amplitude is determined by the voltage across the 
variable resistor between the emitter of T5 and -Vg. This current comes 
from the supply voltage through T3 and T4. Because of the current mirror 
arrangement of T3 and T6 the same current as flows through T3 must flow 
through T6. However, T7 is not "on" (this would require P^cc to be "on"). 
Therefore the current through T5 is forced to go through the two 0.02 uF 
capacitors to the electrode. 
When P^^g and GATE are "on" simultaneously, the same magnitude of 
current, as when Ppg^ and GATE were on simultaneously, flows through T5. 
This current flows through T7 but since there is no current flow through 
Hhe circuit diagram was obtained from Dr. Frank A. Saunders, Smith-
Kettlewell Institute of Visual Sciences, 2232 Webster Street, San 
Francisco, California, 94115 in a letter dated July 16, 1975. 
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T3 and T4 there is no current flow through T6. Therefore, this current 
comes from the electric charge stored on the 0.02 yF capacitors. This 
results in a negative current pulse through the electrode and skin. Only 
if GATE and either Pp^g or are on simultaneously will there be a 
current output through the electrode. 
The variable resistor between the 200 volt supply and the emitter of 
T5 is used to compensate for slight mismatches in transistors such that 
the positive and negative current pulses have equal magnitude. The varia­
ble resistor between the emitter of T5 and -Vg is used to set an initial 
current value. The current can then be adjusted by varying +Vç and -Vg 
over the magnitude range of about 1 to 5 volts for +Vg and 0 to 5 volts for 
-Vg. The two capacitors shown eliminate any dc polarizing current from 
passing through the electrode and they also store the charge used for the 
negative current pulse. Two capacitors in series were used as a safety 
factor in case one would fail as a short circuit. The diode shown pro­
tects the collector-to-base junction of T7 from becoming reversed biased, 
which would load the +Vg source, in the event that the charge would be 
completely removed from the capacitors. However, this should not 
normally happen with the capacitor values as chosen. The 100 resistor 
is used to monitor the current through the electrode. 
+200V 
+5V 
-1N4002 DTP203 
IQkfi P POS DTN203 2N4403 
NEG 
2N4403 IMfi Electrode GATE 2N4400 
lOkfi 
Figure 30. Circuit diagram of one biphasic constant-current stimulator. 
